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CHAPTER 1 P PR

EXECUTIVE SUMBARY®*

———— - —— ——— - - — -

Commercially availaktle recognizers may not neet Coast

fuard pinipum requirements, but today's synthesizers most

-,

likely will be very useful for certain tasks, such as

weather reports.

We do not recommend that the Coast Guard pursue tte
deve lorment of a speech recognition system at this tine.
RATIONALE:
current technology does not provide eguipment capable of
recognizing key words, such as "mayday", as found in
? ordinary and expected transmissions. Several manufacturers
are attempting to develop machines that will meet the (oast
fuard's nminimum requirements, Quite rapid progress is
characteristic of ¢the voice recogmnition field and suitable
systems should be available in at most a few years. Tt is
bighly doubtful that a duplicate research effort funded ty
the Coast Guard could provide suitalkle voice recognitica

units more quickly.
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* A glossary of terms used in this report is given in

Appendix A,




Y3 RECOMMENDATION: SPEECH SYNTHESIS

We recoamend that the Coast Guard research
inplementation of speech synthesis technology at this time
for: 1)specific tasks, particularly veather reports, and
?) general purpose use in communication stations.

RATTICNALE:
A speech synthesis system could be assembled from available
products to automate weather reports specifically and to be
used generally in other routine transmissions within
compnunication stations, The speech quality will be
consistent, without regional accent, and the synthesis could
provide for an extensive vocabulary. Since there is a
tradeoff between guality and vocabulary size, it is
understood that the pronunciation will be of less than
broadcast standard and have some "machine gquality", but will
be most adequate for Coast Guard needs. The systeam can be
rade toth ™user proof"™ and “"user friendlyn", alloving
operation by personnel with 1little technical training.
Synthesized speech could be generated instantly from reports
coming over the teletype wvwith virtually no manpower
requiremsents. Such a system could be integrated into future
general automation.
1.4 TECHNICAL BACKGROUND: SPEECH RECOGNITION

fachines differ widely in the sophistication with which
they can "recognize™®™ or "understand™ human speech. The
simplest systems are capatle of responding only ¢to an

exceptionally limited vocabulary. For example, some can




understand only the digits zero through nine, plus a very
few selected vocabulary ltess. These words nust be spoken
one at a tipe, by one person only, and the machine will
respond correctly to that person's voice only after
"training", where the person says each word over and over to
give the machine some idea of vhat to expect. These systenms
are said to be "isolated word recognizers® hecause each word
must be spoken with pauses of silence as boundaries. They
are not able to handle "connected or continuous speech".
These systems are also said to be "speaker dependent™
because they must be trained by each speaker before they are
able to recognize the words correctly.

Improvements over these simplest systess are of two
separate types: first, sope machines can identify the
vocabulary items in their list without having to be trained
and some pachines can receive connected or continuous
speech. The advantage of the systems which have the first
improvement is that anyone can communicate with the machine
izmnediately withoat thaving to traim it. Such systers are
called "speaker independent"™, because the machine does not
need information atout which individual is addressing it,
and, therefore, can respond independently of such
information. Most all of these systems still have to have
the vords presented one at a time.

The second kind of improvement has resulted in machines
wbich have fairly extensiwe vocabularies that can be

presented to thes in a relatively ncrmal, continuous manpner.

-3-




These machines can receive spoken input as ordinary

sentences, rather than one wvord at a time. They are referred
to as machines capable of handling "connected or continuous
speech™, They still have +to be "trained" to be able to
understand any individual who is going tc compunicate with
them.

From the point of view of virtually all applications,
it is unfortunate that no one system yet incorporates both
improvements, therelty lrecoming toth speaker independent and
capable c¢f handling connected speech. Frivate industry,
wvhich sees a major market for improved speech recognition
systems, is attempting to solve the probleas involved in
producing a widely useful recognition unit.

A large part of the Adjifficulty with producing a tetter
system is purely technical. That is, the basic approaches
used so far seem likely to continue to be fruitful, but they
need refinement. The heart of the problem lies in the fact
that no rpachine actually "understands™ anything in the
intuitive and rational way a human teing does. The machine
does not "recognize®™ anything, either, in the way humans do.
‘What machines actually do is follow a set of instructions
vhich are individually very simple, yet very numerous and
assembled in conmplex ways. We give an oral command and say
that the pachine "understands" it. But vhat ve mean is only
that the action produced by the last instruction is the
action a human would take upoﬁ hearing the same original

oral command. To get the machine to tehave correctly, all

-l




the intermediate instructions betveen the ccamand and the
action must be correct. It is already a coaplex task to
assemble instructions that are known to be useful. Tn
addition, to produwce improwed speech recognizers, new types
of instruction must be developed and integrated into the
systeas.

One of the central issues in speech recognition lies in
the area of "template matching™. Cne way for a machine to
decide whether a word that it "hears™ is the sawe as a word
that it "knows" is to make a comparison between a stored
"template™ and the incoming word ¢that has just been spoken.
Humans do this intuitively wvithout being able to explain how
they do it. We know exactly how a machine does it, because
ve nmust give it explicit instructions on what features to
consider, When it identifies an acoustic feature in both the
template and the input sigmal, it must be told how puch of
that feature must be similar, if not identical, to the
template to count as “the same". When it has identified all
the features as "same" or "different", it must be told vhat
proportion of all features must score as "same" to result in
the vhole word being considered to be an example of the
"same word".

No two humans speak exactly like one another, and no
ope person always <cays the same vord in the same vay every
time. Tt is difficult to give a machine instructions that
allov for sufficient flexibility and at the same time
preserve the essential patterns. Any nusber of smll

-5«
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variations that humans handle vith ease can generate wrong

decisions in a machine. A vord1 spoken more rapidly or more
slowly than the template word may match at the beginning,
for the first phoneme. Ry the time the input word arrives at
the fifth phoneme, a simple machine may be trying to compare
that fifth phoneme of the input with the fourth phoneme of
the template. Such a comparison would result in an erromeous
judgment of “different™. Techniques such as ¢time warping
1 attempt to ensure that the machine will stret or shrink
the input to fit the template, but they have nt yet reachei
the level of sophistication needed to assure c ~~t matches
in every case.

Analogous problems ezxist for input words produced at

levels of loudness or stress different from the template, or
words spoken with regional accents different from that of
the person who produced the words on which the template is
tased. For these problems partial solutions exist, each
roughly as successful as time warping, but none guaranteeing
totally correct recognition.

A Adifferent kind of problem 1is presented by noise.
Humans have a capacity for "selective attemtion™ by which
they automatically pay attention to the speech sounds and
ignore any randos hiss, crackle, bang, or other non-speech
sound. As far as a machine 1is concerned, any sound that I
enters the systes is as important as any other. 1In order to
prevent the machine from trying tc match irrelevant noises

vith features in the template, a way must be found to
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separate the noise from the desired signal. Methods
developed to date are successful only with low levels of
noise, alttough improvement is being made.

Tn short, machines are extremely different from people,
and in performing tasks of speech recognition, far less
competent,

Of tbhe approximately 19 speech recognition units
reviewed, not one 1is of a level of sophistication to nmeet
rinigur Ccast Guard requirements. The rapid progress of
tasic research 1in speech recognition, hovever, makes it
appear 1likxely that suitable units will ©be available for
furchase in a few years, but it is not recommended that the
Coast suard implement the technology at this time.

1.5 TECHNICAL BACKGROUND: SPEFECH SYNTHESIS

Speech synthesis is the science of producing haman
speech by artificial means, usually by performing various
operations on stored material, The =stored data base may or
Pay not ultimately derive from recorded human voices.
Systems that derive from recordings have the advantage of
scunding fairly natural, but they have the disadvantage of a
limited vocabulary for a given set of messages and of high
cost lue +to large storage requirements. One of the most
successful of such systems 1is generally known as 1LPC
synthesis. (LPC stands for "linear prediction coding®, and
refers to the method by which the comrputer selects the
vaterial it extracts from the original speech for storage,

from which it will produce an imitaticn of the hupan voice.




IPC synthesis uses a digital filter to model the human vocal
tract, It 1is based upon the statistical assumption that
human speech changes relatively slovly, and that it is
Fossible to predict the next set of acoustic measures based
on a knovledge of previous ones,)

The other major class of synthesizers falls into the
category of rule synthesizers (also called text-to-speech
synthesizers or phoneme synthesizers) which are not tased on
recorded human speech. These synthesizers store a fcrmula
for the comronents that represent the sounds of the letters
in ordinary spelling. Such sound conpconents are called
fhonemes. Much as a group of letters are assembled to fornm a
written word, so a related set of rhcnemes are assembled to
form a sroken wvord. The pame "rule synthesizer" emphasizes
one aspect of such vord-building, the fact that there are
general patterns in the English langquage which can te
described in the form of a set of rules for the computer to
arrly.

One set of rules involves Fnglish spelling, vwhich is
cften notoriously non-phonetic., Ffor example, ™"so" and "do"
have the same letter at the end, but they are nct
phonetically fronounced the sasme. The rules help the
computer obtain basic pronunciations for most vords which
follow general spelling rules. Words such as "knowledge" or
"freight", where the pronunciation would he absurd {if all
the letters were fpronounced, are treated separately. The

other sets of rules, and much the more technically demanding
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to develop, are the ones that refine the pronunciation from
the first attempt to something more acceptable tc the husan
listener.

There are two general areas in which refinement is
needed. One is that when the units of sound (individual
phonemes) are first asseabled, they may not blend sscothly
together apnd form a recognizable word, even though the
correct sounds are present in the right order. What |is
peeded is a set of rules 1linking each phoneme to the next
with suitable transitions to smooth the ¢grcnunciation and
unify the sounl of the word. The other area where rules are
needed is to assemble the words, which rpay individuvally be
acceptable, into a sentence which flows smoothly in patteras
of thythm and emphasis expected by a normal human listener.

Any sentence, however reasonable, becomes suddenly
difficult to understand if the individuval wvords are
separated and said one at a time, as if in a list. What a
list lacks are the sulttleties of emphasis that let the
listener knowvw which words are ainor parts of the utterance.
This general pattern or “"melody™ of the sentence is usually
referred to as the intonation. Developing rules for natural-
sounding intonation is probably the most difficult rart of
text-to~-speech or rule synthesis techniques, and the area in
wvhich a listener 1is most 1likely ¢to find fault with the
"pachine quality™ of the speech.

The advantages of rule synthesis are nuserous. The

storage requirements are small, making that aspect
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inexpensive. The vocabulary can Lte unlimited. Any text can

te converted to speech automatically, e.g., urgent messages
from the Coast Guard Communicaticns Staticns to the parine
community can become speech instantly. Some pronunciations
will probably be incorrect, Lkut can be improved with
respelling of the text.

Hybrid systems also exist, as do linguistically
sophisticated systems requiring extensive specialized
knowledge for their operation. These systess will not be
discussed in detail in this report for they do not appear to
meet Coast Guard Fequirements.

In summary, state-of -the-art speech synthesis Dbest
lends itself to adaptation to specific Coast Guard needs,
such as broadcasting weather reports, and to general use in
certain applications within communication stations.

Approximately 32 synthesizers of different types
available for purchase are reviewed. Of these, perhaps two
or three are potentially adaptable to Coast Guard needs,
although none is an exact match to Coast fuard
specifications. Considerable work would be required to
achieve the best possible mix of such factors as naturalness
and intelligibility of speech, ease of operation, limitation
of cost, and potential for integration into future large-
scale ccamunications automation. Oltimately, however, the
use of synthesis for certain Coast fGuard tasks, such as
weather reports, vwould be advantageous and is recoamended

for consideration.
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CHAPTER 2

REVIEW OP COAST GUARD'S STATEMENT OF WOPRK

This report discusses two advanced technologies, speech
recognition and synthesis, for possilkle use at Coast Guard
Communications Stations and Radio Stations, SCRL was asked
to consider that speech recognition technology be used as an
aid to watch standers for spotting distress calls over the
marine VHF-FN, HF(voice), and MF(voice) frequencies. In
particular, the Coast Guard has expressed an interest in
ke yword spotting for inconing broalcast messages (for
example, automatically recognizing "mayday", "fire",
"sinking", etc.). Such keyword spotting would be a means of
reducing the error rate in nmonitoring distress frequencies.
SCRL also considered that speech synthesis technigues be
used for automatic broadcasting of stored text messages,
such as weather information, not ices to mariners,
hydrographic information, storm warnings, advisories, safety

me ssages, and urgent messages.

2.1 SPEECH RECOGNITION TECHNOLOGY AND COAST GUARD PLANNING
Two Coast Guard publications were furnished to SCRL for

evaluation in this area: 1) Telecommunications Manual

(CONDTINST M2000.3A), and 2) Coast Guard Radio Prequency

Plan (COMDTINST M2400. 1A).




The Coast Guard*'s Statement of Work covering this
project further noted ¢that its wmain area of interest in
speech recognition technology involved keyword spotting in
connected or continuous speech. It also stated that the
Coast Guard was avware of problems involved wvith applying
speech recdgnition technology to Coast 5uard needs 1in this
area. These included distortion and noise in incoming
signals due to radio transmission and probleas in
recognition due to coarticulations in different phonetic
contexts.

Perhaps the most serious problem is that the Coast
fuard obviously requires a coampletely speaker independent
recognizer., Currently available speaker independent
recognizers only operate reliably with digits, that |is,
vords such as one, two, three, four, etc. Fecognition of
words other than digits requires training the recognizer for
individual speakers! vocabularies, OUsually this is
accosplished by the recognizer syster prospting the user,
vho speaks the desired vocabunlary items so they can be used
as templates for matchipng with incoming words. Several
training passes (repetitions) are usually required in order
to "train" the speaker dependent recognizer. It is not
feasible to obtain trainimg material from all speakers of
nessages which are received by the Coast Guard. Thus, the

speech recognition technology must be speaker independeat to

be useful for Coast Guard application.




There is no currently availatle speech recogunizer that
wvould meet the Coast Guard's requirements for a speaker
independent recognizer capable of keyword spotting for
incoming distress signals., Several companies are wvorking
diligently in this area, but it should be at least several
more years before any manufacturer is able to market such a
recognition systenm.

A second requirement for the spotting of keywords in
distress signals concerns the need for a recognizer that can
handle connected or continous speech. Most all voice
recognizers are isolated word recognizers which require
pauses betveen words (or simple phrases which are treated as
words) so that problems of coarticulations in different
phonetic contexts will be avoided. Recently, however,
certain companies have nmarketed recognizers vhich are
capable of handlng connected speech up to 180 words per
minute. Unfortunately, these connected or continuous speech
' recognizers are not speaker independent. So, they do not
meet both needs of the Coast Guard.

Another major techmical problem with spotting keywords
in Coast Guard distress signals would be that such signals
have a relatively low signal-to-noise ratio. SCRL's
analysis of Coast Guard signals revealed a signal-to-noise

ratio which ranged from approximately 1348 up to an

approximate 3048, vith an average of 23d8B. Such a low

signal-to-noise ratio creates a real problem for currently
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available recognizers. While it is true ¢that recognizers
will <qgenerally operate with a relatively high degree of
tackground noise, it should also be noted +that +this
tackground noise must te of a periodic nature or it will
create false recognitions, Incoming signals, with their
pops, clicks, énd other nonperiodic sounds, woull fresent
frohlens in thig area. Also, incoming distress signals
received bty the Coast Guard involve differen*t speaker rates,
djalects, and accents which include phonetic and prosodic
variability. These areas all invclve prchlers for speech
recognition techniques and should be tetter resolved refore
the Coast fuard select any fcrr c¢f <cgeech recogniticn

technology.

2.2 RPEFCKR SYNTPRESTS TECHNOLOGY AND COAS™ “TATD PIANNTNG

The Coast fyard may he interested in speech synthesis
technology as it relates to automatic troadcasting of stored
text ressages, such as weather information, notices to
mariners, hydrographic informatior, stcrm warninqgse,
advisories, safety messages, and urgent messages.

One important Coast 5uard concsideraticn relating to the
rotential wuse of speech synthesis technology is that it
vould help ¢to ease manpower requirements fcr the preduction
cf required Coast Guard broadcasts, Synthesized utterances
can be rTeadily olttained for transmissicn. Synthesized
utterarces chould approach those of a trained troadcaster in

overall quality. Synthesized troadcasts wculd have no
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variances in voice characteristics due to changes in the
distance between the nicrophone and the mouth, or due to
regional dialect differences. It asight be added, however,
that if changyes in phonetic or prosodic codings are desired
to produce different alertness responses, these variations
can be generated by voice synthesis. Also any text can be
converted to speech automatically, e.g. incoming weather
reports coming over a teletype can become speech instantly.
The Coast Guard also feels that digital storage techniques
are, of course, psore reliable and easier to maintain and
edit than analog tape recordings or magnetic druss.
Currently the Coast Guard uses analog speech recordings

which have good quality, but they present the following

problenms: a) vocabularies are limited in size, bh) the
recordings are difficult to modify, c¢) the recordings are
difficult to operate automatically, and Q) the recordings

produce a discontinuous dialog when spliced together.

Some of the above problems might bte elininated by the
use of speech synthesis. This technology produces sounds
associated with basic units of speech (phoneses) which are
coabined to make words. Electronic logic reads stored text,
assembles phonemes 1into vords or sentences in the proper
seijuence and outputs the desired synthesized utterances.
Frosodic characteristics (such as stress, pitch, and
duration) can be nmodified as requived to produce the desired

pronunciation characteristics of synthesized utterances.




The desire to have utterances of an unlimited vocabulary and
simyltaneously of good quality presents a challenge in that
a tradeoff exists between vocatulary size and quélity.
Quite obviously, a very limited number of vocabulary iteas
{such as the digits) can be carefully synthesized to obtain
very good gquality. On the other hand, it is difficult to
synthesize an exceedingly large vocabulary (such as 10,000
vords) with an eguivalently good quality. The type of
synthesis used in each case would be different, as discussed

below.

2. 2.1 TYPES OF SPEECH SYNTHESI ZERS. It is important that
information be provided to the Coast Guard regarding the
possible implementation of speech synthesis to meet its
broadcast requirements. The various types of synthesizers
available will be hriefly detailed here, since different
types of speech synthesizers have specific advantages and
disadvantages as they relate to Coast Guard needs.
Basically, there'ate three main types of speech synthesis:
1) Analysis synthesis or LPC synthesis - such
synthesizers typically rely upon stored linear
prediction coefficients vhich are used ¢to define a
digyital filter wvhich simulates the human vocal tract.
Such synthesizers typically exhibit high-quality speech
output, with realistic prosodic features, such as
stress, intonation, etc. LPC synthesizers are not

yenerally geared to the production of specific




phonemes, but are set to output whole words based upon
real human speech wvhich has been analyzed. A
limitation of analysis synthesis synthesizers is that
they typically require 1large amounts of computer
storage for individual words, since words are stored as
complete units.

2) Rule synthesis ~ such synthesizers do not rely upon
an actual analysis of speech as a basis for outgput of
synthesized utterances. Instead, rule synthesizers use
combinations of different parameters which are designed
to simulate actual speech. Rule synthesizers generate
combinations of basic phonenes, so they typically
exhibit large vocabularies. There are certain
limitations to rule synthesizers. Their output speech
is typically not of the same quality as LPC synthesis.
Rule synthesizers have difficulty with frosodics such
as stress, intonation, etc. They also encounter
problems with coarticulations, since different phonewse
comabinations have different coarticulations.

3) Digital recordings for synthesis - devices of this
type are not speech synthesizers in the literal sense
of the term. The approach is to digitally record human
speech vhich is typically stored on ISI chips €for
subsequent playback. One advantage to digital
recordings is that they exhibit high gquality audio

output, since they consist of actual *“recordings" of




human speech. On the other hand, such an approach does

not allov one to synthesize novel utterances, or to
combine phonemes to achieve a very large output
vocabulary.

SCRL notes that several manufacturers of synthesizers
now market, or are planning to market, text-to-speech
systeas which are advanced rule synthesizers. These are
designed to allow the user to type in a sequence of words at
a computer terminal, which are subsequently output as whole

! spoken sentences, Such te xt-to-speech synthesizers
generally will include not only segmental (rhoneme or
letter) encoding, but also suprasegmental (prosodic)
information, such as appropriate stress levels and
intonation patterns, to improve their output. This 1is a
definite advantage where the user wants to output wvhole
senteaces or phrases with natural -sounding prosodic

patterns.

' 2.2.2 COAST GUARD CONSIDERATIONS. FPor all types of
synthesizers, the size of the ltroadcast vocabulary is a
primary consideration. The Coast Guard appears to require a
syathesizer with a very large, if not unlimited, vocabulary.
Rule synthesizers have a definite advantage in this area. A

ma jor consideration regarding the use of voice synthesis by

the Coast fuard involves the degree to which vocabulary
changjes would have to be made. It appears that the Coast

suard would require very frequent changes in their broadcast




vocabulary. Distress, safety, and urgent messages might
require such chanyes. ASs noted, the rule synthesizers do
have a very definite advantage in this area, as they can
string phoneaes together to create new words without
difficulty. On the other hand, analysis synthesis typically
does not include this capability, but does allow the user to
string Adifferent combinations of vords together, often
vwithin ¢the context of some basic sentence to rpreserve
natural sentence intonation. Weather broadcasts might be
synthesized using this technique until more natural sounding
speech is generated by rule synthesis, assuming the main
vocahulary is relatively fixed, New items, such as names of
storms, could be added to the fixed vocabulary as needed.
Another very important consideration involves the
gquality of broadcast messages. It can te assumed that the
Coast Guard trequires high-~quality speech output, with good
prosodic characteristics and no serious audio degradation of
broadcast messages due to difficulties with coarticulations
between phonenes. Note that analysis synthesis, such as
provided in LPC synthesizers, does exhibit high-quality

phonetic and prosodic characteristics, since it simulates

actual human performance in this area, Rule synthesizers
typically include at least several levels of stress, which
nmust be manipulated by the user to ensure realistic-sounding
output, It is important that the Coast Guard have the
opportunity to evaluate the acceptability of output fronm

different types of speech synthesizers for its use.
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2.2.3 LEVELS OP SYNTHESIS PPODUCTS. Tt should be noted that

there are several levels of synthesis products which are
comnercially available, Jjust as there are several types of
commercial synthesizers. These products are detailed to
assist the Coast Guard to becoms more familiar with various
options regarding implementation of voice synthesis
techniques, There are tasically three levels of synthesis
products available. First, there are the complete systeas,
wvhich come with a host computer and which regquire minimal
software. Second, there are the board-level products, vhich
are designed to plu:g into a host computer, Pinally, there
are the LSI chip level products which must be integrated
into circuit boards before they can be used.

There are several synthesizers which come with a host
computer and all relevant software, The main advantage to
such synthesizer systems 1is that they require virtually no
installation or host software, For example, Centigram
markets a speech development systenm, complete with a
digitizer, host computer, disk, and a parametric wavefora
synthesizer. The main advantage to such a system is that it
requires no software for integration with a host computer.
Such a system 1is particularly applicable where users might
have a need for an additional host computer or do not yet
have a computer systen.

Board-level speech synthesizers are generally designed

to plug into RS 232-C interfaces, the most common type of
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computer interface. Such synthesizers are available in a
vide variety of configurations: analysis synthesis types,
rule synthesis types, and digital recording types. These do
require that the user have a host computer to control the
synthesizer, as well as in many cases to store additional
vocabulary which is to be synthesized. In most cases, the
necessary software 1is supplied by the mannfacturer. Note
that board-level synthesizers are generally quite reasonable
in price (from approximately $£500 to $3,000), depending upon
the synthesizer configuration desired.

FPinally, speech synthesizers are available as LSI chig
level products, which have to be integrated into circuit
boards before they can be used. Actually, such chip level
synthesizers are gemnerally sold to original equipment
manufacturers (O.E.M.) for use in consumer products, home
computers, etc, Chip level synthesizers are also available
in a wide variety of confiqurations. Tntegrating chig level
synthesizers into a large-scale speech synthesis strategy
requires a relatively high degree of engineering and
electronics sophistication on the part of the user.
Naturally, along with actual LSI speech synthesis chips, the
user must include additiomal <chips for storage of
vocahulary, clock timer circuitry, etc. All in all, this
voul]l have to be considered the most complex approach the
Coast fuard conld take with regard to speech synthesis, and

one that should be approached with caution. This is




particulary true in that manufacturers typically do not
provide necessary contrbller software with their LS¥ chip
level products.

One point vhich should be made is that most
manufacturers of speech synthesis products are very uillinq
to work with users in the actual setup of their
synthesizers. In Dpany cases, too, manufacturers offer
custom boards designed for yuite specific purposes.  Should
the Coast Guard purchase a speech synthesizer systenm, it can
bhe assumed that manufacturers would be willing to work with
them closely to get their system operational. Also,
manufacturers typically offer custom vocatularies for their
hoard level products, to suit quite specific needs. This is i
particularly true for analysis synthesis (LPC) synthesizers
vhich generally are not designed to string phonemes together

to create newv vocahulary iteass. The Coast Guard should be

avare that custor synthesizers do require considerable lag

time for the manufacturer to prepare LSI chips with desired
vocahulary items and to inteqrate these into actual circuit
boards. Changes 1in the vocabulary of analysis synthesis
type synthesizers typically require installation of

additional LST chips containing the proper vocabulary.

2,.2.4 ASSUMPTIONS REGARDING COAST GUARD SPEECH SYNTHESIS
NEEDS. Based upon general considerations regarding the
actual use of speech synthesizers, SCRL 1is able ¢to make

several important assumptions regarding the potential use of




speech synthesizers by the Coast Guard., These assumptions

should help clarify the type of synthesizer the Coast Guard

mijht wish to use for meeting its broadcast requirements.

1) The use of speech synthesis strategy would avoid
several of the problems the Coast Guard now faces in
meeting its hroadcast requireaseats. For exanple,
speech synthesizers do not typically require the use of
soundproof hooths as do current Coast Guard broadcasts.
Synthesizers also avoid the problen of speakers
enunciating broadcasts at different repetition rates,
or with different dialects, Sprech synthesizers also
avoid problems with varying distances hetween the mouth
and amicrophone, inherent in analog-type recordings fo.
broadcast.

2) The Coast Guard apparently requires an essentially
unlimited vocabulary for its total broadcast
requirements. This assumption is bhased upon the fact
that broadcasts would have to name ships, storms, etc.
If broadcasts were based upon a stored set of
vocabulary itenms, it seems most likely that this
vocabulary would have to undergo very frequent changes.
This all arques for a rule synthesizer, which would
have the capability to concatenate phonemes to create
nev vocabulary items as desired.

3) It can be assumed that the Coast Guard would require

very high-gquality speech synthesis, since broadcast
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messages are transmitted over radio charnels which
vould subject them to further acoustic degradation.
Towards this end, the Coast Guard should have the
opportunity to evaluate the output from various types
of synthesizers to assure that such output would meet
its needs, The Coast Guard should, if possible, check
the yuality of synthesized broadcasts to see if they
are acoustically acceptable after they have been
broadcast over Coast Guard radio channels. This would
help to ensure their overall acceptability for Coast
Guard purrgoses.

4) whatever speech synthesis strategy the Coast fuard
adapts, it should not require elaborate operator
training so as to save manpowver.

5) Any synthesizer system considered should be very
time-efficient, having the capability to output desired
broadcasts instantaneously from teletype messages
vithout long turnaround times.

6) Any synthesizer system considered by the Coast Guard
should bhe hijghly reliable, with a backup system, if
possible. Actually, since currently available
synthesizers rely upon LSI circuitry, they are
typically very reliable for they contain no moving
parts.

7) The Coast Guard should investigate fully just what

softvare vwill be required for any synthesizer system it
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night wish to consider and see that this synthesizer
would fit in with 1its overall system requirements,
including host computer interfacing, programming
languages, etc. All types of speech synthesizers have
their advantages and disadvantages, The Coast fuard
should carefully weigh these before opting for any
particular type of synthesizer systen.
In conclusion, SCRL 1is optimistic about the Coast
é Guard's use of speech synthesis strategies in meeting its
broadcast requirements. Such synthesizers should have
several advantages over currently used broadcast techniques;
not the least of these advantages is the relatively low
price of several commercially available speech synthesizers.
Finally, SCRL stresses the point that speech synthesis
should present one option by which the Coast Guard should be
able to save manpover in meeting its broadcast requireamsents,
and maintain or increase the quality of Coast Guard

troadcasts.




CHAPTER 3

STIGNAL ANALYSTS OF SELECTED COAST GUARD RROADCA S*S

This chapter contains an acoustic evaluation of ¢the
sample Coast Guard troadcasts which wvere supplied to SCRIL
for analysis. There were 15 sample broadcasts contained on
the analog tape supplied to SCRL by the Coast Guard. The
tape vas recorded at the ©U.S. Coast Guard Coamunications
Station, Honolulu, in late 1980. The sanple broadcasts were
arbitrarily selected, to be typical signals received that
radiomen felt represented the range of [foor to excellent
signals. These sample broadcasts were input to several
acoustic analyses. These analyses were designed to help
establish hov the Coast Guard broadcasts might interact with
speech input/output technologies. In particular, we wanted
to determine hov well Coast Guard broadcasts might interact
vith speech recognition technologies vhich are either
currently available or under development.

SCRI used its Interactive Latoratory Syster (TLS) fer
analysis of the acoustic characteristics of Coast Guard
broadcasts. SCRL's TILS system operates c¢n a DEC PDP 11-45
computer, with an RSX-11-D operating systen. The tasic
procedure for acoustic amnalysis of Coast fuard signals wvas
to digitize them from analog tape and gperfore acoustic
analyses upon these digitized waveforss. There vere several
steps which vere carried out for the acoustic analysis cf
Coast Guard signals. These included:
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1) Analysis of pitch and RMS amplitudes of siqgnals.
Such an analysis was carried out with in-house
softwvare. The program provided both a display of pitch
contours and RYS amplitudes of input vaveforms, and a
hardcopy vhich was output by SCRL's linepriater, as
shown in PFiqure 1, The primary purpose of this
analysis wvas to obtain numbers which would allow us to
compute the signal-to-noise ratio for selected Coast
Guard signals, Such a computation is an important
measure for a preliminary analysis of how Coast Guard
signals might interact with speech recognition
technology, vhere this is a primary consideration.

2) Spectral analysis of Coast Guard broadcasts which
vas carried out using TLS softwvare, Specifically, ILS
vas used to conmpute inverse filter coefficients on
digitized signals. Following this, the spectral
content of specific franes of input data were displayed
and copied on SCRL's hardcopy unit. The purpose bhehind
this approach was to allovw for analysis of the spectral
content of Coast Guard signals, as shown in Figure 2.
Specifically, SCRL was interested in determining what
the cutoff frequencies were for Coast Guard broadcasts,
so that we would be ahle to arrive at a bletter

understanding of how Coast Guard broadcasts wmight

interact with speech recognition technology.
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Note that most speech recognizers {input data fros
approximately 500 Hz. up to approximately 5-6 kHz. Thus, ve
wanted to determine vhether or not Coast suard signals were
within this ranye, and how much background noise these
broadcasts generally contained.

SCRL computed signal-to-noise ratios froa RMS amplitude
peasurements carried out with SCRL's in-house
autocorrelation pitch extraction program. Table 1 has the
signal-to-noise ratios computed for sample Coast Suard

broadcasts analyzed by SCRL.

TABLE 1

Signal-to-Noise Ratios for 15 Sample Coast Guard Broadcasts

Sigpal~to-Noise Approximate
Rroadcast # Rat io Cutoff Frequencies

Te 21,87 400-4000 Hz.

2. 13.12 300- 3500 Hz.

3. 18.00 500-4000 Hz.

4. 24,74 400~ 4000 Az,

5. 26,84 300-3500 Hz.

6. 25.75 600- 3000 Hz.

7. 24.90 400-3500 Hz.

8. 128, 46 400- 3500 Hz.

9. 30.69 500-3500 Hz.

10. 29.29 700~ 4000 Hz.
1. 15.80 700-3500 Hz.
12. 23.72 500-3500 HAz.
13, 18.15 500-4000 Hz.

14, 20,10 500- 4000 Hz.
15. 21.26 400-3500 Hz.

Mean 22.85

Variance 5,13
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Descriptive statistics were performed on this corpus of
data. It wvas noted that ¢the 15 sample Coast Guard
broadcasts examined had a mean signal-to-noise ratio of
23dB., with a standard deviation of 5dB. With regard to
cutoff frequencies, it was noticed that Coast suard
broadcasts fell generally within the 300-4000 Hz.range.
Approximate cutoff frequencies were used to compute signal
tandwidths. The term "bandwidth" is generally used to
describe signals which are confined to a distinct region of
the frequency spectrum. Bandwidth is a useful term in the
present context, since it can be used to describe the width
of Coast Guard signals, 1in terms of their Hertz range.
Saaple Coast Guard broadcasts evidenceq a mean bandwidth of
3207 Hertz, with a standard deviation of 315 Hertz.

In view of the poor signal-to-noise ratio which was
inherent in the Coast fuard recordings, it was not practical
to do further acoustic analysis of the speech signal. It can
be assumed that identification of phonetic and Fprosodic
details in these recordings would be difficult for most
analysis techniques. The poor signal-to-noise ratio
inherent in Coast Guard wessages received would drastically
limit the use of speech recoqnition systems for potential
applications, such as wordspotting. The transmission of
synthetic speech should bhe well tested to be certain
acceptable quality is maintained regardless of the

signal-to-noise ratio.
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CHAPTER 4
OVERVTIEW OF SPEECH PECOGNITION PRODUCTS AND TECHNOLOGY

This chapter of the report gives an overview of the
speech recognition products revieved. BRasically, SCRL notes
that nearly all manufacturers listed recogmition accuracy
rates in the vicinity of 99% for their recoqnizers.
Actually, these figures must be approached with some
caution. Note that there is no established vocabulary which
has been consistently used to conmpare recognizers.
Potential users of a speech recoqnition system should decide
vhat vocabulary they might wish to use with it and actually
try this vocabulary out in the field under real test
conditions.

Naturally, some vocabularies are nuch easier for
recognizers than others, and results vary accordingly. Por
exanple, wvhere vocabularies contain words with very similar
phonenes, such as "right" and "ripe", items can be confused.
Also note that different speakers may influence test

results, depending on their cooperativeness in training and

using the systen. Backqground noise can affect accuracy
results, particularly if the noise contains nonperiodic
sounds. Variables relating to recognition accuracy rates

should be identified in advance, and their potential impact




upon recognition accuracy should be fully considered before
actually purchasing any particular systen, Most
manufacturers are very cooperative in arranging
demonstrations and evaluations of their speech recogniticn
devices.

The bar graph in ' Figure 3 showvs general prices of
various recogaition systems manufactured by Nippon Flectric
Coapany, Threshold Technology, Interstate Flectronics,
Votan, Heuristics, Centigram, Auricle, Scott Instruments,
and Voicetek.

This bhar graph basically includes top~-of-the~line
recognition systems for ease of comparison. As can be seen,
prices for recognition systems vary from several hundred
dollars up to approximately $33,000. A main point with
respect to the har graph of prices is that, in general, the
higher the price, the larger the recognition vocabulary, and
the faster words may bhe input to the system. Subsections of
this report detail the advantages and disadvantaqges ot
various systems; these should be considered before selecting
any pdrticular system.

As was noted previously, the Coast Guard apparently
requires a completely speaker independent recognizer for use
in spotting keywords in distress signals of connected
speech. As this report notes, there is no such systea
currently available. All recognizers which vere evaluated

require training by specific speakers. Interstate
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Electronics does market a speaker independent recognition
chip which has a claimed accuracy rate of aprroximately 85%
for the general population, wusing digits only. We single
out for Coast guard consideration the Verbex 1800
recognizer, wvhich handles up to 50 1isolated words plus
digjits and control words, 1in a speaker-independent fashion.
In fact, we suggest the possibility of nsing this recognizer
to handle keywords which might reasonably be assumed t2 be
somevhat isolated, or spoken at a fairly slow rate.

There is a continued effort among manufacturers to
develop a coapletely speaker independent voice recogniticn
system. However, it should be two or three years before
anyone succeeds in marketing such a system which is capable
of meetiny Coast Guard needs in the area of keyword spotting
in distress signals, using connected speech. There are many

technical froblems associated with developing such a system.

Cbviously, dif ferent speakers can have quite different
acoustic manifestations for patticular phonenes,
coarticulations, overall accents, etc. Another obvious

problem 1is the difficulty in handling speech recognition
using connected speech, where words wmay be quite different
acoustically than their isolated acoustic forms and
segmentation of word boundaries is seldom clear.
Nonetheless, manufacturers are competitively developing
speraker-independent recognizers which can handle connected

speech input. Advances will surely be made in this area




vithin the near future. As we have stated, we expect that
there may be a commercially available, speaker-independent
recognizer capable of handling a relatively large vocabulary
(approximately 100 words) in connected speech in

approximately two or three years.

4,1 AVAILABLE SPEECH RECOGNIZERS

Data concerning speech recognizers were basically
compiled during the period of 1981 and 1982 from
manufacturers®' specification sheets and brochures, as well
as from direct input from mapufacturers and published
articles relating to speech input devices. This, wmuch of
our information came directly from information we requested
From manufacturers of voice recognition systenms. Tt should
be noted that new product lines may have been introduced
since the original collection of the data.

There is an increasing variety of speech recognition
products being marketed by different companies for various
applications. Price and performance parameters of these
different devices vary consideratly depending on the level
of the products: chip level, board level, or system level.
They also vary depending on the type of recognizer:

isolated word recognizer vs. connected speech recognizer and

speaker-dependent recognizer VS, speaker-independent
recognizer. The information given below is from nine
manufacturers of speech recognizers: 1)Centigranm,
2)Heuristics, 3)Interstate Nlectronics, 4) Nippon Electric

PPV
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Company, S)Scott Instruments, 6) Threshold Technology,
7) Verbex, 8)Voicetek, and 9)Votan. The information received
from each manufacturer was not always complete or of the
same type of nmaterial givenm by other manufacturers.
Consequently, it is difficult to provide comparative data

for all speech recognition systems.

=R LB 3 - 2%

Centigram markets speech recognition products in the
systems and board level categories. Their Mike recognizer !
is basically a speech recognition and response terninal. |
The Mike 1is noted to have two basic operating processes,
Voice input 1is received through a recognition process for
training reference patterns or performing recognition. The
results of recognition are transferred to a host coamputer
through the input/output inter face. For recording audio
response messagyes, voice input is received through a
re sponse process vith the unit synthesizing recorded
response pessages on command from the host computer.

Table 2 lists the main features of the Centigram Mike
along with operating specifications.

The Mike uses a spectrum analysis approach, where input
vaveform data are either stored as templates or compared to

existing templates, Note that direct spectrum analyzer

output is availahble with the Mike unit.
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Centigram Mikce

Features
® Recognition vicabulary of 99 words in any language

® Vixabulan mask command. to speaify a subset of active
words for recognition

® | ser-adjustable accept reject thresholds from local
keyboard

® Recognition seore display on front panel

® Automatic ramng sequence 1o simphfy generation of refer-
ene paftens

® Available as stand-alone terminal or in electromics-only
board configuration

@ Stores up to 16 sevomnds of audio response

@ Powertul sysmem witware commands . operaling n ASUT)
charucier-onented protocol

@ Durect spectrum analyzer output avalable

© Word framung and recognmition parameten adyustable
through system software commands

About Centigram

Cenugram Corporanon 1s the “'total solutions ™ company in
the fNicld of digital voice technology for computers and com-
munications Centigram's stateof-the-ant products cover the
full spectrum of man machine vommunkation MIKE listens
(vorce int, LISA talks tvence oun)and VOPAC commumicates
(VOILE TansmIssion

Recogmitron
Viwsbulary

l
i
[
4

MIRE prucesses the in
wmnng voice agnal and
sends the resutt i the host
Or command trom the
host MIKE may provide
l an audibic respons

Response
Nin gbulary

!
|
|
|

—

—-»nQOxX
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Speciﬁcations Stand- Alone Unit

Recognition Electronics Only

Packaged in cabinct with power supply keyvhuoard. Single card 1 Uinterface and vance
and FO ntertace soce response optiongl response opiional
Inmensions x99 10Sm 2 Sx it dxd 1S a2 ulem o 00 30
Weight Thy 480 g
Power HS2MVAC - 18 N AN T LT
Sttt Hs JIN e 8 MMy
12w + SV e S5 (g D ma
inlerface Both K-t paratic T and RS 232.C wrral sncluded K bt bidirectional unbullered /7 80 data
bus with four decoded §0O addreas strobes
M rophone Balanced 1K ohma Namu as tor stand-alone unit
Input Wmepp
3.pin female (Switcheraft D3F)
Extermad Speaker Kohms
Output 1W Y phone jack
Warants - - 1 year Specifications subject to change withoeut note

155A Moffett Park Dnve, Sunnyvale. CA 94086
telephone (408) 714.3222
telex 171-994 SPEECH SUVL
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Recogpition and voice response are two different
procedures, or sets of algorithas, as the Mike unit will
provide up to 16 seconds of audin response, but will provide
a recognition vocabulary of 99 words (in any language).
Centigram also notes that recognition electronics are
available on a single cargd, vwith voice response being an
option. Also available is the complete stand-alone unit,
vith voice response also an option.

The Mike terminal sells for $4,765; the unit includes
the Mike terminal, head microphone, and recognition sugpport
softvare. The Mike recognizer can bhe nsed in conjunction
with Centiqram'’s Lisa speech synthesizer (described 1in the

speech synthesis products section).

Heuristics

Heuristics markets speech recognition products which
are in tvo main areas: systems level products (teraminals)
and hoard level products. Heuristics*® terminal products are
moderately priced, ranging from approximately $4,600 to
35,000,

SCRL received from Heuristics descriptive brochures for
two main speech recogaition systeas. First, Heuristics
markets the 5000 Series products line. This product line is
headed by the 5600 Voice Terminal Systenm. This systen
features a Lear-Siegler terminal, a voice controller board

with 4 128-word vocabulary, disk drive and cables, and a
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noise-cancellingy microphone, The 5600 system has a list
price of $4,995. Second, Heuristics markets the 7000 Series
products line. This system does not include a tersinal. It
consists of a voice controller board (also with a 128-word
vocahulary), disk drive and cables, and a noise-cancelling
microphone., It has a list price of $4,595. Note that these
two systems may be purchased in part or in whole, as needed.
The Heuristics 5000 Series is described as a stand
alone intelligent data entry device. The unit wutilizes a
spectrum analyzer using digital filtering techniques to
analyze audio 1input and to convert it ¢to a digital
representation. Heuristics states that proprietary
algorithms transform the data into a reference template.
Reference templates, obtained during training, are compared
with those from audio input. When a match occurs, a
user-defined ASCII string is sent to the host and/or the
terminal.
The following is a list of features of the S000 Series
recognizer:
1) 128 word/phrase vocabulary
2)each word/phrase may be up to 3 seconds in duration
3)127 user-definable vocabulary subsets
4)ASCTI strings up to 255 characters in length
5)local storage eliminates the need for host
programming

6)simultaneous use of voice and key entry
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7)device listens continuously through vraparound
speech buffer
8)compatible vwith several lanquages, including
FORTRAN, COBOL, PASCAL, and BASIC
9)automatic self test and fault isolation

10) RS 232C (20mA current loop) serial interface

11)50 - 9600 Baud

12)high 1level auxiliary input for telephone or tape

recorder (1 VRNS)

13)single board unit easily installed in Lear Siegler

terminals
Table 3 provides a 1listing of Heuristics operation
specifications for the Series 5000.

The Heuristics Series 7000 speech recognizer is similar
to the Series 5000 device, but does not include a computer
terminal. It is designed for use in conjunction with any
ASCII terminal. This recognizer wutilizes the same bhasic
recognition approach as the feuristics 5000 Series units.
It also shares the same operation specifications with the

5000 Series units, as listed in Table 3.

Interstate Electronics

Interstate Flectronics is one of the oldest coampanies
involved in speech recognition, and currently manufactures a
rather wide array of speech recognizers and related

prodacts.




AN INTELLIGENT DATA ENTRY DEVICE

Y
TABL.E 3
Hruristics Sorares Hh00o
P because all systems integration s

Heuristics Seres 5000 18 a stand alone If [
speech 0ala sntry deviCe used in Conjunction with
the Lear Siegier ADM 3 ang 5 terminals It compietes
the man maching ialertace through speech, the most
natural form ot communication

Ity natural  its simple It's fast  it's accurate.

Eacn umi has a spectrum analyzer that uses
state-ot the art digital hitering lechnigues to analyze
audiv 1Nput and convert it to 8 diQital representation
Meuristics  propretary algonthms transtorm this
data 0o a compact Characterslic reference tem-
diate These o 3 auning g. are
Lampared dufing recogmtion with the audio nput
Whan 3 match occurs. 3 usei defined ASCH string
's sent tc Ine host and/or the tarmunal

NO MIDDEN COSTS OF SOFTWARE DEVELOPMENT
Thruugh the use of i0Cal storage media on the disk
drive models there 18 no hidden cost of soltware

FEATURING

* 128 word/phrase vocabulary

¢ Each word/phrase up to three seconds in
tength

* 127 user detinable vocabulary subsets

e ASCil strings up 10 255 characters in length

* Local storage efiminates the need for host
grogramming

+  Simultaneous use Of voiCe and key entry

* Listens continuously through wraparound
speech butter

« Compatibie with ail languages including
FORTRAN, COBOL, PASCAL. BASIC

s Automatic self test and tault 1solation

* RS 232.C (20mA current loop) senal nferface

* 500 9800 Baud

e righ level auxiliary input tor telephone or
rape recorder {\ VRMS)

* S:ingle board unit sasily installed 1n LSI
ADM 3 and 5 terminals

ehiminated Local storage eliminates the nesd to
write code O save and restore vocabulanes in the
host computer

The user has complete texibdity n detining the
characters to be associated with each utterance
An ASCH string up to 255 characters in length can
be assigned to any utterance durning training Once
sgain, this elimunates hidden software costs by re-
moving the need for creating 100k-up tables in the
host computer

IDEAL FOR HANDS BUSY/EYES BUSY
APPLICATIONS

WIth Heuristics, the irst company to evelop board
leval and compietely saif-contained speech recogn:-
tion terminals, you can instruct your computer
verbaily, fresing your hands and eyes for olher
tasks It's faster. simpter and 183% more accuralte
than manual entry

SERIES 5000 PRODUCTS
$800 VOICE TERMINAL SYSTEM
Lear Siegier ADM.5 Terminat
Voice Controller Bosrd
with 128 word vocabuiary
Disk Drive and Cables
Notse Cancelling Microphons
5400 VOICE TERMINAL SUBSYSTEM
Voice Controller Board
with 128 word vocabuisry
Disk Drive and Cables
Noise Cancetling Microphone
5300 VOICE TERMINAL
Lear Siegler ADM.5 Terminat
Voice Terminal Board
with 128 word vocabuiary
Noise Cancelling Microphone
$200U DISK DRIVE
Cables and Disk Controiter for
upgrading mocael 5000 to mode! 5400
5000 VOICE TEAMINAL BOARD
with 128 word vocabulary
Noise Canceliing Microphone

Typical applications using speech racogmtion
today are

e Process Control

* Inventory data entry or inquiry

*  Word processing terminal control

* Credit Verification

* Quality Control and Inspection

* Automated test equipmant control

* Hespital room controf

* Source entry of measurament data

* Executive data base inquiry

*  Computer control tor the handicapped

¢ Auytomated microscope control

SPECIFICATIONS
YTerminal Disk Drive

Eavironmenta!

Ambient Tamperature
Opetating 0°Cto50°C
Storage 40°C1065°C

Humdity 10 1o 9%

Physicet Dimensions

Width 1560 +n 3960 cm; 6000 (1524 cm)

Deptn 20200 .51 30 crm) 13.00 10 {3302 ¢cm)

4°Cl046°C
22°Cto47°C
20% 16 80%

Height 1350~ 13430cm) 37501 (953 cmi
Weight 34 42 Ibs {1564 kq) 850 Ibs (385 kq)
Electrical

All power supphied
through ADM Terminal 115V, 230V 2 10%

115V, 230V £ 10% 5080 Hz
50160 M2 15 walls
50 was
Audio input

Low fevel 5 MV RMS, 600 ohm impedance e
Connector  B3F Switchcraft 3 pin temale
High tevel 1 volt RMS_ 1000 ohm ‘mpedance
Connector  ‘sanch phone jack

RS.232-C Connectors: DB-2%

Recognition Rate: 99 + perient®

Watrenty: One yesr tor al’ parts and labor

Al specitications subject 1a Chan e without agtice

AV mapgued 81 Ty ah endens ese 1808 (SroCh 0B 1808
Amees STRI0Z 1008 dars. TEDRY AVEADE 10 LIV 81 SOMIAg . Narge

HEURISTICS)N

CORPORATE OFFICE

1285 HAMMERWOOD AVENUE
SUNNYVALE. CALIFORNIA 94088
4087348532 Twx 172180

EASTERN REGIONAIL. OFFICE

185 MAIN STREEY

PORT WASHINGTON. NEW YORK 11050
516/944.7873  Twx 649233
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Interstate's speech recognition products are broadly
divided into 3 areas: 1)terminal products, 2)board
products, and 3)voice semiconductor products.

Tnterstate Flectronics markets two basic voice entry
terainals. Cne of these is the VRT101 voice recognition
terminal. This unit has a 100 word recognition vocabulary,
and boasts a 99%¢ accuracy rate. The unit includes a 280
microprocessor, a 48K a@memory, and a 100K floppy diskette
drive. The VRT101! sells for $5,295, with guantity discounts
available. Interstate also markets the VRTIN3 fully
integrated voice recognition terminal, which is the same as
the VRT101, but includes two additional floppy diskette
drives with a 300K memory capacity. The VRT103 sells for
$6,595 1in single  units. Followving are Tables 4 and 5
covering the specifications of the VRT!0?' unit. Tt should
he noted that a wide variety of options are available for
Tnterstate's speech recognition terminals.

Interstate's board products include:

1) VPMOU41 voice recognition module. This unit

includes a 40 word voice recognition vocabulary with
99% accuracy, and RS232-C interfacing. The VRMOU41
sells for $1,790 in single units.

2) The VBM102 voice recognition module. The unit

features a 100 word vocabulary with 99% accuracy, and

2 serial RS232-C or 20-mA asynchronous interfaces.

It sells for $2,255 in single units.




3) The VRT200 voice recognition module. The unit
permits voice recognition with the popular Lear
Siegler ADM 3A and ADM S terminals. The unit
features a maximum of 100 isolated words or phrases
and recognition accuracy of 99% or Ltetter. The VRT
200 also includes a user programmable reject level.
The VRT200 sells for %$2,100 in single units,

Tables 6 and 7 provide a listing of specifications for

the Interstate VRT200 voice recognition terminal.
Table 8 indicates specifications for the Interstate
VEMOU1 and VBM102 voice recognition modules

Interstate markets a single-board speech recognition
module for DEC Q-Bus equipment, called the VRQUO0 voice
recnynition module. This board costs $2,120. It features a
100 word recognition vocabulary, trainable for any
vocabulary in any spoken language. The unit is usabhle with
direct microphones, wireless microphones, or via telephone.

A new product from Interstate is the VRC008 voice

recognition chip. This chip features an 8-word vocabulary
and is speaker-independent. An accuracy rate of B85% is
given for the general population. The chip has an initial

charge of $25,000 for tooling and mask generation, After
this initial tooling charge, the VRC008 sells for $22.50,
with discounts for quantities over 25,000 units. Table 9

proviles a listing of specifics regarding the VRC(0O08.




TABLE 4

Interstrare Elecrronics VRTIO1 Vmice Recognition Terminal

status hne

Display Size: 6.5 nches high x 8 5 inches wide.

Character Size: 0 2 inch high x 0 1 inch wide (approximate).

Character Set: 128 '95 ANSII plus 33 graphics).

Chasacter Type: 5 x 7 dot matnx (upper case), 5 x 9 dot
matnx dower case with descenders)

Keyboard: 72 kevs (60 aiphanumeric, 12 function control)
plus a 12-kev numenc pad.

Cursar. Blinking of reverse video block or off

Cursor Controls: Up. down lert. nght. home, CR. LF, back
space. and tab from keypboard or computer.

Cursor Addressing: Relative and direct.

Tab: Standard 8-column

Refresh Rate: 60 Hz at 60 Hz. 50 Hz at 50 Hz line frequency.

Edit Functions: Insert and delete character or line.

Erase Functions: Erase ine from beginrung of line to end of
hne; erase page from begmning of page 10 end of page.

Seil: Audible alarm on recewpt of ASCII BEL.

Video: Normai and reverse by character.

INTERSTATE VOICE RECOGNITION TERMINAL
ELECTRONICS
CORPORATION Model VRT101
® Direct voice interaction with application
software
¢ Supports a variety of application programs
and higher level languages
® 100-word resident vocabulary
® 99%+ accuracy
o Utility software for immediate use of voice
recognition functions
Voice recognition i tuily integrated into Interstate’s diskette- ® Self-test for fault isolation
based VRY 101 intelligent vosce terminal.
MODEL VRT101 SPECIFICATIONS
CPU and Memory
Processor: 280
Clock: 2 048 MHz
Memory: 48K bytes RAM
Display Serial Input/Outpul Ports (2)
CAT: 12 nches diagonai. P4 phosphor Intertace: EiA RS-232C at data rates of 110 to 9600 bits per
Display Format: 24 ines of 80 character pius 25th user- second

Communication Mode: Full or half duplex.
Parity: Even odd. or none.

Disk Systems
Bulit-in: 5-1/4-inch floppy. 100K bytes
VRTDK2: Two extemal 5-1/4-inch floppses. 200K bytes.

Software

CP/M: Operatng svstem software.
BASIC: Microsoft.
FORTRAN: Microsott.
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TABLE 5

Interstare Eloctronyes VRT10O1D - Furcher Specafroa 100,
Mechanical Voice Utllity Commands
Dimensglons: 13 inches high x 17 inches wide x 20 inches 1. Train

deep. 2 Update
Weight: 54 pounds. 3. Reset

4. Set RTHL
Environmental 5. Read RTHL
Operating Temperature: 10 to 35°C 6. Download reference patterns only
Storage Temperature: O to 35°C. 7 Upload reference patterns oniy
8. Download reference patterns and ASCII strings ot
Power 9. Recognition with common vocabulary
1207240 volts at 50/60 Hz at 90 watts maximum 10. Recognition of non-contiguous vocabulary host
mode only)
Voice Recognition Performance 11. Test (standalone mode onlv)
Vocabulary Size: 100 1solated words and/or phrases. 12. Write word boundary parameter
. 13. Read word boundary parameters

Recognition Accuracy: 99+ percent 14, Set Operational Mode istandalone=0 host= 1!
Reject Threshold: User selectable. 15‘ S:«C;a':n e s €. hos
Longest Utterance Duration: 1.25 second. 1 6. Read Cain
Minimum Setween-Word Pauses: 160 milliseconds (user- 17' Com % Ref e Pattern

programmable: 40 to 320 milhseconds). 1 e' S:"‘(::e ere atwems

Minimum Word Length: 80 miiliseconds (user-
programmabie: 80 to 160 mlliseconds).

Processing Time: (25+N) miliseconds, where N = active
vocabulary size, foliowing detection of the end of word.

CP/M™ is a trademark of the Digital Research Corporation
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Interstrare VRTZO0 Voicoe

f

Recoagpition Terminal

VOICE RECOGNITION TERMINAL

Model VRT200

INTERSTATE
ELECTRONIKS
CORPORATION
R N
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Slock Diagram of ADM JA Terminal with YRT208 Veice
Recegnitien Capability

Accurate, Low-Cost Automatic Speech Recognizer

The VRT200 is & sngle printed-crcunt board speech recog-
nuzer with & vocabulary of 100 words or short phrases
desgned spectfically for use in the Lear Siegler ADM 3A and
ADM 5 Dumb Terminal® video Displays. With 99+ percent
accuracy, the VRT00 allows (ear Siegier Dumb TermmalR
users t0 Mput commands or data via vouce and/or keyboard,
thus providmg maximum operator efficency for data entry,
retneval, and log-on.

The VRT200 15 a total hardware/software system designed for
easy nstaliavon without modification to exssting apphication
software Al VRT200 logic s contamed on a single ponted-
orcut board that has been specifically desgned to fit the
ADM 3A and ADM S and can be instalied without

or special tools. An ADM 3A or equivalent fitted with a
VRT200 board immediately adds voice input capabiity to
already operational data entry, process control, or manage-
ment nformabion systems.

The VRT200 allows direct microphone nput via efther a
boom-mounted. lightweight. nose~cancelling microphone
or. at the user's option, a table-mounted mucrophone. The
microphone has a standard five-foot cond, but longer cables
are available f more freedom of r 1t is required. Using
the VRT200 frees the operator from the need to retum to a
fixed workstation to enter data, thus mcreasing operator effi-
cency.

Efficient, Real-Time Performance

Speech nput 1s analyzed by a 16-channel spectrum analyzer
and converted 1o a digital representation of the spoken input.
The drgital data 1s then converted to a fixed-size pattern that

® Single-board speech recognition module

® Adds voice input capability to ADM 3A and
ADM 3 Dumb Terminal® Video Displays

® No special programming required
® 100-word vocabulary
® 99% + accuracy

® Selectable decision threshold for rejection of
unwanted Inputs

preserves the information content of the spoken nputs while
ducarding redundant features During vocabulary traiming.
these pattems are used to denve templates for each
utterance. The templates are then used in the recognition
process for companson with incoming spoken words Vocab-
ulary templates are stored in an onboard random-access
memory (RAM). while the processing aigonthms are con-
tained n an onboard read-only memory (ROM) operating in
conuncion with a microprocessor When an utterance s
recognized. a user-defined ASCIl sinng 13 then sent to the
host.

Trainable to Individual Voice Characteristics

The VRT200 s a speaker-dependent voxce recognition
device, which requires that each user give a sampie of the
words and phrases in the vocabulary betore the VRT200 wili
recognize the user's voce. The process of generating these
sampies, or reference pattems, 1s called vocabulary traming
Once a reference pattern set has been built. it can be
uploaded to the host computer's mass storage. Later, the user
can download the reference pattems. aliowing the terminal
to recognize the same words without the need for retraiming.
With each VRT200, software 1s suppihed m FORTRAN and
BASIC languages demonstrating the host-resident code
necessary to perform the upioad/downioad operation.

The VRT200 supports three traning modes: (1) normal tran-
ing in which the vocabulary s cleared. then trained a selected
number of samples: (2) updating of word pattems m which
the stored reference pattems for the specitied vocabulary are
sugmented by additronal traring. and (3) a single-word
retrun mode in which the single word will be tramed the
same number of sampies as the word it s repiacing

¥
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Specifications

al s

ADM3A and ADM 5

CRT Screen:

12 wneh 130 5 omi diasgonal P3 phos
phot non-glare swrtace 5 B :nches
118 Tem) high x 8 3 inches (21 Lami
wide Dwplay (920 characters B0
char line by 24 iines

Chareceer Set:

ADM 5128 ASCil _hamacten. uppet
OWET Case  DUNCTUABON Contros Charac
ters ADM 34— 64 ASCll characters.
dispiayed as uphet case Dlua punctua
fon and contfol

Chavecter Fone:

Character matnx, ACM 5- .5 x4 g
matrix. including hull ? dot descenders
i1 dBmm wade x 5 53mm fughi ADM
A —5x 7 3ot matrix 1} BBmm wade x
1 T7mm migh)

Cursor:
Reverse block Homaes to upper lett
sCregn pBOonal witch wiectable
underiing curot homes tu boftom ien
Swatch selectable non destructve
space aftet camage refurmn

Visual Atsributes:

Raverse video reduced intensity and
reverse Vdeo: redud #d Intensity cormn.
tunagon —ADM 5 niyv

Keyboord:

ADM 5 —A3 heys 26 whier aiphabet
Ath UPPET JoweT Case. NUMETK
seypad PUNCTUSBON (ADPS kiCk, “ursor
.ontrot All neys are auto repasating
&2 char svec i ADM 3A—59 weys
SO witer Alphabwt with upper (ase
wmnenc U through ¥ punctuation
onmol Two key repeat opersson

22 chat sec |

Tranemit /Receive:
Conversanon made il halt Juphex
interfaces:

RS 232C pont to-posmt or 20mA
Lurrent op

Data Rates:

75-19.200 Panty Even ode mark
Space of NONe

Word Structure:

Data 7 or 8 s, 1 start biL § or & stop
bits

Extenaion Port:

RS 232C pon t-n ntertacing senai
SRR NTONOUS CRVICUS

VRT200

—$

INTERSTATE
ELECTRONICS
CORPORATION

1001 Eawt Bed Rosd

PO Box 3il7

Angheyn Catforrua Y23

T4 K15 7210 (M0 BN 6979
TWY Q10991 07T

Telex 605443 & £55419

Ropnvai Offtces

Nogterr 1 ice

AT Last Bad Romd
Ananenn Canforrus 92804
T4 6397210

Vocehulery Sise: Minimum Word Length: S dard Power Req
Maxumum 100 wolslad words  or ~) mulliseconds 115 Vol = 10% 60 Hz, 60 wams
phrmes Approximate Nesponas Time: Optional Power Reg
Percent Recognition Accurecy: 25 + Nj mailisecoruts where N = ac 230 Voirs = 10%. 50 60 Hz
99 percent or better tve vocabulary wre (ollowing end- Width:
Reject Threshoid: *f-word detecvon) 125 inches
User programmabie ;S:;‘Au-!: - Helght:
R es vocal n, reference pattern
l{o?g.cu Utterence Duration: apload’ downoad for DEC RT-11 105 nches
DEC RSX-11M. Daw General RDOS Operating Ensirovewent:
Mintwwun Batween-lond Pouses: 510 50°C 41" to 122°F 5% 10 957
160 rrulliseconds relatve huudity without condense-
gon 10.000° {3kmi max aittude
Microphones
VMK010: VMKOI2: VMKS77:
Nowe canceiiing microphone . macro Nowe-canceiing microphone uwith ear- Hand-heid microphone For use in
pnone mounted on alumnum head phone Sams aa VMKO10 except in- applications where contnual voxe
sat includes ON: OFF swich or audio  cludes earphone for voice response entry s not requured Contains nowe-
ot control VMKS4S: canceling element and PUSH-TO.
. TALK pwatch

Northwestern Otfice

500 Atrport Bhvd . Sunte 110
Burlingame. CA 94010

+15) 342 8624

¢ antral Ofice

1375 Remungion Road. Suite M
Schaumburg, (. 60195

13121 843 7233

Fastem Ofice

1745 qtierson Davs Hway . Suite 601

Arirann VA 22202
703} 492 1400

Stand-mountsd mucrophone Cardiowd
peckup pattem with goosensck and
stand maduding ON/OFF switch

" Laet Slegier, Inc.
| Dets Products Otvision
714 North Brookhurst Street
| Anaheim. Caitorrus 92803
7141 774-1010
[ TWX 910.591 1157 Telex 65-5444

Boston (6171 397093

Chicago (3121 279 5250

Houston 17131 7802585

Los Angeles (2131 454-9941

Sew York (800" 523-5253°
Orando (3U51 B69 1426
Phiadeiphua (215} 245-1520

San Francsco 1415) 5286941
Washington D C 8001 523.5253°
Enqland (04867) 80656

*S0M) number also inciudes CT Dt
MA MD NJ NY Rl VA & W\
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INTERSTATE
ELECTRONIKCS
CORPORATION

VOICE RECOGNITION MODULE
Models VRM041 and VRAM102

Interstate’s single-board Voice Recognition Module

Accurate, Low-Cost Automatic Speech Recognizer

“he Voice Recogmtion Moaule VRMI s a single printed-
it Dodrd speech rewpogmizer capable o1 recognizing as
many as 100 woras of snort phrases, 1t 1s eastiv intertaced to
an externai system using either paraliel or senal .ntertaces
The senal intertaces are switch seiectable to RS232-C or 30-
na current 1wop The VRM inciuges ail the iogic and memory
secessars to penorm traimng. word recogation and the
L ommunication protocol independent of the user's mode of
uperation

The VRM contains a micropnone preampiifier and a
oreamphifier bypass switch to allow direct microphone input
using 4 ughtweight headset. boom-mounted. of hand-held
microphone  Aitemately. an audio signai may bvpass the
onboard preamolifier, which allows a remote microphone
and preamptitier to be utthized without the 10ss of audio sig-
nal integnty The nput s AC-coupled and terminated by a
10-kiiohm resistance The usetul audio bandwidth of the
VRM 15 trom 200 to ~000 Hz. Excelient recogmuion 15 attaina-
hle with the reduced telephone bandwidths

Highly Accurate Real-Time Operation

The wmput speech s analvzeu bv a 16-channei spectrum
Anaivzer ang converted to a4 digital representation of the
charactenstics ot the spoken nput This digital data s then
onverted to a hixed-size pattern that preserves the informa-

® 99%+ accuracy
® 40- and 100-word vocabularies
e Highly accurate real-time operation

@ Trainable for any vocabulary in any spoken
language

o Mulitibus form factor

® Usable with direct microphones, wireless
microphones, or via telephone

@ User selectable rejection of poor input match

® One parallel and two serial ASC)I input/
output ports

e User control of recognition parameters

non content ot the ~poken nnuts while discarding redundant
teatures During word training. these patterns are used to
denve templates for each vocabulary item These templates
are used ‘n the recoRMLion process tor comparnson with
incoming spoken words Vocabularv tempiates are stored n
an onboard random-dccess memory (RAMI, while the proc-
essing algonthms are contained n an onboard read-only
memory -ROM: operating in conjunction with a
MICIOProcessor

The VRM nas two traimng modes: '1) normal traiming n
which the vocabulary storage is cleared and a new vocabu-
lary 1s traned by speaking rhosen words a selectable number
ot umes. and ) updating of word patterns in which the
stored reterence patterns for the specified vocabulary are
augmented by additional training,

The VRM automatrcally rejects utterances dunng traiming that
do not sutficiently agree with the same utterance from pre-
vious traimng samples ot that word. This prevents significant
aiteration of a vocabularv reference pattem due to spurtous
noise bumping the microphone. door closure, coughing,
speaking inconsistencies. or smply taihng to utter the vocab-
ulary n the specified sequence) Thus, it mav be necessary to
repeat an utterance betore being prompted to the next
sequential utterance.

[




TABRLE 9
Interst ate Vol Recognition Chipe VECOeS
VOICE RECOGNITION CHIP
INTERSTATE Model VRC008
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® Low-cost voice recognition

® 8-word vocabulary

® Speaker independent

& 85% accuracy for general population

® Up to 95% accuracy for specific speakers

® NMOS and CMOS versions

® 8 parallel 1/0 lines

® Single +5-voit power supply

A Low-Cost 28-Pin, Singic-Chip Voice Recognition

Svystem

~terstate « B-pin singie-chip VRCOO0B svstem emplovs a
.rGue method tor processing ot analog speech data and
‘e gnitior ot spoken ulterances

Designed tor 4 wide varety ol high-volume consumer
apphcations, this microcomputer provides low-cost voice
control capabiiity tor apphances. tovs. games. and other
voice automation products. The svstem s speaker-indepen-
dent and recognizes with high accuracy esght spoken words
or phrases, transiating verbai commands e ‘walk, ‘stop
“channel four = "turn rgnt. " etc. INtO dction via associated
crrcuitry In a tvpical applcation ‘wake up ' activates the
sys{em o a receptive mode and prepares 1 1o accept nput
speech: the word ‘relax * stops the svstem

Programmabie tor a selected vocabuiary the VRCOOB - og-
nizes speech by dJdetecing the Jtile <eguence > (i tan
voiced and unvoiced parameters in the nNComMINg w« d of
phrase and companng this sequence with the storea.
sequence ot a prespecified vocabularv With recognit on
accomplished. the systemn then outputs a bit pattern tor the
word number identsfied. The state sequence and recognition
parameters are stored in the on-chip ROM

Interstate customizes the VRCOO08B to specitic user vocabul-
anes. In ths process the customer detines the particular tunc-
uons 1o be pertormed by his product and IEC provides assis-
tance n selecting a vocabulary sutted to those functions
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é Interstate markets the VRC100-1 voice recognition chip
set, This chip set sells for $385, Basically, this set
consists of two chips to be used as building blocks for
speech recognition systems capable of recognizing as many as
100 words or short phrases, Tables 10 and 11 indicate a
diagram of a suggested setup using the VRCIN0-1 chip set.

The VRC100-1 chip set nicely typifies Interstate’'s
approach to speech recognition, which 1is briefly set forth
below.

Speech 1input 1is analyzed by a 16-channel spectrun
analyzer and converted to a diqgital representation of the
characteristics of the spoken input. The digital data are
then converted to fixed-size templates which preserve the
information content of the spoken input while discariing
redundant features. During training, stored patterns are
used to derive templates for each word pattern. The se

templates are next wused in the recogunition process for

comparison with incoming speech tepplates, Presumably,
incosing templates are correlated with stored templates for
actual word recognition. Vocabulary templates are stored in

the external ROM, while processing algorithms are contained ;

vithin the speech analyzer dJdevice.

As this report was in preparation, Interstate added
another voice recognition module to 1its voice input product
line. This is the VRT300, which is reported to have a 100

word vocabulary, The unit is designed to be a <single
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® Speech recognition chip set

® Highly accurate reai-time operation (99% +)
® 100-word vocabulary

® Trainable for any vocabulary in any language

® Two training modes - train and update (all or
part of the vocabulary)

® Usable with direct microphone, wireless
communication, or telephone

® Selectable decision threshold for rejection of
unwanted inputs

® Input/output port configuration for easy
product integration

High-Accuracy Voice Recognition in a Chip Set

Interstate s Model VRC100-1 voice recognition chip set con-
Ststs OF LW chips used as building blocks 1ot speech recogm-
tion svstems capable ot recognizing as manv as 100 words or
<hort phrases 1see dlustration). These two integrated circuits
are designated 100-1A and 100-18

The 100-14 chip s a 28-pin integrated circuit providing
sudio-spectrum analysis over the range ot intelhgibility tor
peech 00 to 7000 Hz. The analog input to the 100-1A 1s §

volts rms maximum trom 4 low-output impedance source
The 100-1A consists ot 16 bandpass tilters. each tollowed by
a half-wave rectifier and a second-order low-pass filter with
25-Hz cutolr  The monnhthic 100-1A utilizes NMOS
switched-capacitor technology with 80 operational amphtiers
Lo achieve the required audio-spectrum analysss Additional-
fy. this chip contains a 16.channel analog multiplexer and
decoder which require timing signals Irom a single TTL 1-MHz
clock. The analog multiplexer 1s addressed via tour TTL iines
The analog output ot the 100-1A Chip 15 rom a butter
amphfier. This output » suitable 'or a 0- to S-velt user-
supplied analog-to-digital «onverter

The 100-18 chip s Interstate s 40-pin recogn.zer contrniler
This chip contains the entwe algonthm for recognition of 1o-
lated speech utterances ndluding 1 word boundarv detec -
ton. 12) amphtude normalizatron. .3 end point ume (om-
pression. and (4) piogrammable vocabulary syntax. The 100-
18 provides paralle! 1'O and ( ontrol of the analog muitipiexer
and the analog-to-digital converter. Commands provided via
the parallel input port are nterpreted by the 100-18 chip
Recognition and command responses are provided via the
parallel output port. All data I/O s n the form ot ASCll
characters

Efficient, Real-Time Performance

Speech input 1 analvzed by g 1h hannet spectrum analyzer
and converted o a dital representation of the barac.
tenistics of the spoken nput This digital data 1s then con-
verted to a nxed-vize pattern that preserves the mrormation
content ot the spoken inputs while discarding redundant
teatutes Durnng word traimng. these patterns are used 1o
denve templates tor each vocabutan tem The templates are
then ysed n the recognition process tor companson with
'ncoming spoken words Vocabulary templates are <tored n
the external RAM. while the processing algonthms are con-
tained within the speech analvzer device

The ROM accommaodates cleven user commands These
nclude two training mades 1 normai traiming N which all or
Dart of the specitied vocabulary < cleared and then trained a
selectable number ot samples and .23 updating ot word pat-
terns in which the stored reterence patterns ot the specitied
vocabulary are augmented by additionai traming.

The VRC100-1 training algurithm dutomaticaliv rejects
Jtterances dunng traiming that Jo not suthciently agree with
the same utterance tom previous training samples ot the
word This prevents sigmiticant alteration of a vocabulan
reference pattern caused by spunous norse ‘bumping the
microphone. door closure. coughing. speaking nconsisten.
cles, or simply tading to utter the prompted vocabulary item
'n such an event. t may be necessary to repeat an utterance
betore being prompted tc the next sequential utterance
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Interstate VRUTOU-1T Chip Soeo

Addwional commands alow the VRCIU0-1 to upiocad or
download reterence patterns via the selected i-O port. The
reset s ommand s used to initiaiize the VRC100-1 chip set
RAM and to define | O mode and tormat. The VRC100-1 chip
et also allows control of the rejection of invalid utterances
via the set reyect and read reect threshold commands

An additional command allows programmable control of the
analog-to-dignal reference voltage and preamphfier gain.
Finally. the maor operational command of the VRC100+1 is
the recognize command. This command allows recogmition
ot anv specihed vocabulary up to 100 words. The command
allows recognition of both contiguous and/or random syntax
with une or more common subvocabularies

A Family of Voice Recognition Products

The Model VRC100-1 chip set and other Interstate-
developed chip sets benefit both OEMs and end users by
enabling the design flexibility to support a wide range ot
appiications interstate’s family of speech recognition pro-
ducts can be economically incorporated into a vanety of
industnal systems and consumer products —~ tiom large-scale
nventory cnntrol equipment to personal computers and
hobby stems.

MODEL VRC100-1 SPECIFICATIONS

Performance

Vocabulary Size: Up to 100 isolated words and/or phrases.
Percent Recognition Accuracy: 99+ percent.

Reject Threshold: User-selectable.

Longest Utterance Duration: 1.25 second.

Furt b et g bs

Minimum Between-Word Pauses (User Selectable): 160
milliseconds

Minimum Word Length (User Selectable): 80 milliseconds.

Approximate Response Time: (S0 + 2N} mefliseconds,
where N = active vocabulary size with a 4 MHZ crystal.

Host Commands

Train

. Update

Reset

. Set reject threshoid
Read reject threshoid
. Download

Upload

. Set analog-to-digital preamplifier gain
. Recognize

. Wnte parameters

. Read parameters

-
SO APV e -

Input/Output

Parallel TTL input/out. eight data input bits, eight data output
bits with four control lines. All data input/output is i the
form of ASCIil characters.

Mechanical
Speech Preprocessor Chip: Dual in-line 28-pin package.
Recognizer/Controller Chip: Dual in-line 40-pin package.

Electrical

Power Requirements: 100-1A: +10V, -10V at 30 mA; 100-
1B: +5Vdcat 240 mA.

L Oterstate tie onks Corporation reserves the rght to make ¢ 10 any peodisg ts herean L0 imprave rokabdiy tunchon or N Intersiate does NOt sseume any babeiity ansing
i1l IR apphCation Of ue Ot anv product of (FCut e hetewn. neither does 1t convey Any K ense Under ity patent

ts nor the rghts of othen

——

INTERSTATE
ELECTRONIKCS

Voice Products Operations
1001 €. Ball Road. P O Box 3117. Anaheim, California 92603
Telephone 714/635-7210 TWX 910-591-1197 Telex 655443 & 655419
Call toll-free: in the continental U.S. 800/854-6979: n Califorma 800/422-4580
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plug-in board for use in the DEC VT100 terminals and similar
nodels. It basically transforms spoken words into ASCII
strings and transmits these strings to the host computer.
The module costs $1,295. It vas announced in the July
19,1982, issue of Computerworld.

Interstate has recently expanded their product lines in
the areas of voice input and output devices substantially.
Their whole approach typifies the increasing emphasis
manufacturers are now placing on speech products in general.
The consuger 1is finding pnew devices on the market faster
than ever before, and this trend is expected to continue to

accelerate.

Nippon Electric Company

Nippon Electric's speech recognition products may be
classified as being in the relatively higher-rpriced,
systems-level product categorye.

Nippon Electric's DP-100 speech recognizer gained wide
attention for its ability to recognize connected speech.
Their newest recognizer, the DP-200, is generally similar to
the DP-100 but at a reduced price,

The DP-200 uses dynamic programming to match templates
obtained during training with those from incoming speech
data. One very notevorthy point aktout the DP-200 is, again,

its ability to recognize connected speech. It also has a

larger vocabulary than the DpP-100 (150 words vs. 120 words)e.




The DP-200 is approximately 1/) the size of the DP-100. The
price of the DP-200 is approximately 20-30% 1less than that
for the DP-100, which would make it approximatels $33,000,

There are several further corments to make reqarding

the DPp-200:

1)The DP-200 will recognize dialects.

2)Minimal ¢training is required; one pass for wmost
words, tvwo for numerics.

3) The DP-200 uses dynamic programming to “warp" tiame
frames of incoming speech to achieve best matching of
words in the shortest tiame possible.

4)0Optional audio response is available.

5) The DP-200 has a wider range of interfacing
capabilities than the DP-100.

A final point to mention regarding the DP-200 is that it is
a stand-alone system of a fairly compact nature, consisting
of a speech recognition terminal, a remote control terminal,
and a noise-cancelling microphone. Following is Table 12
which contains a brief description of the DP-'00's approach
to speech recognition, in addition to a bhlock diagram of the

Nippon systen.

Scott Instruaents
Scott Instruments markets terminal or systems level
speech recognition products. Scott Tnstruments® voice entry

terminal does not come with a host computer; this points out

- 55 -
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Nippon

With the NEC DP-200 CSR technoiogy
has at las! created the Jeal way of
dealing with machines, using and
controlng them The resuits are
sirixing —aala entry 18 a8 sHnpie as
Sitting down and spsaking in a Normal
conversational tone. while a computer
captures your words instantly. What
was once desmed technicaily impossi-
die 18 nOw a reaiity With the DP =200
CSR. NEC's research team has not
only produced a quaity data entry
system but aiso created the most direct
and etficacious way vet for man to use
and control machines.

TABLE 12

Eleacrpyoe bp 200

Until now. machines could neither
facognize Nor process speech patterns
tha! vared both in spesd and in context
Previous inear computers were
Stumped. unable 10 recognize where
one word ended and the next one
began The thousanas of variations
contained i normai connected speech
were deemed oo great 3 task 10 be
logicailly dentihed and stored by

a machine.

Tha NEC CSR uses Dynamic Program-
ming (OP). a ime normatization method
which has effectivety Soived thess once
unsurmountabie probtems. DP allows
Ncoming speech and words stored in
memory 10 become “warped”. or
made non-tinear. in order to achieve
the best possible matching of words at
the shortest time possibie. By normal-
12ng the axis of both the input and
reference patterns. the “"warping”
process has eliminated time-consuming

cassrscs et

asstasenonn

seevsssascernane

TRAINING MODE

rors due to word segmentation and
incorrect matching. DP has provided
the technological leap forwarg
necessary 10 achigve direct ang
compatible humgn-tc-maching
communications

The neart of the DP-200 !es in a seres
of high-speed computations ytiizing
Dynamic Programming techniques
INCOMING speech signais from the
operator's microphone (as Anaiog
waveforms) pass through a spectrum
analyzet and are /mmediately con-
verted to a gigital signai The signal 1s
transterred and compared to the pre-
programmed vocabulary reference
mamory In uitra-speed computations
Ingiantaneously, a mMCroprocessor In
a series of decisions, classities. recog-
mzes and converts the INformation to
trangmuttable form to be relayed 10
host computers tor direct machine
control.




the fact that drawing the line between systems level
products and board level products is not alvays a clear cut
distinction.

Scott Instruments markets one Lasic recognizer, the
VET-2 Voice Eantry Terminal. The basic system consists of
the VET-2 preprocessor, softvare and demonstration prograas,
operations manual, and a noise-cancelling microphone.

The VET-2 is available for Apple or TRS-R0 computers.
It 1is noted that the unit interfaces with off-the-shelf
software, or progranms may Le written in BASIC,
INTFEGER-BASIC, APPLESOFT-BASIC, or machine code.

The VET-2 has a 40-word basic vocabulary, with an
overlay feature to allow access to additional vocahulary
residing in disk storage. The Vet-2 claims an accuracy rate
of 98%+., A five or six training pass approach is suqggested.

5cott Instruments’ approach utilizes an acoustic
preprocessor to analyze the acoustic signal within a range

[ of 300-4000 Hz. Analysis comnsists of breaking the frequency
range down into 2 regions (300-1000 Hz. and 1000-4000 Hz.),
then taking <zero-crossing weasures in both regions and

extracting the amplitude envelopes of the two regions. The

four resulting analog data lines are converted to digital
form at the request of the host computer.

Words for the VET-2 can be up to 1.5 sec. in Auration,

«
——— e

and up to 20 characters long. The template area for a

40-word vocabulary requires approximately 4600 bytes of

L _‘
- A._‘_,‘.‘“ -
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storage. control software requires approximately 6000
bytes for a total of 10.6K nmemory required in the host
computer. Following is Table 13 with operation
specifications and key features of the VET-2 which retails
for a relatively inexpensive 3795, One the most difficult
areas to show comparison of recognizers is in price, for the
capabilities vary as a function of cost. Nontheless, cost is
a major consideration to most buyers.

Threshold Technology

Threshold Technology's speech recognition products are
generally geared toward the high end of the market; their
speech recognizers are characterized as systems level
products.

Threshold Technology has just started a new suhsidiary,
called Auricle. Together, these two groups market three
basic lines of speech recognizers. The two Threshold
recognizers, the 580 and 680 units, are amongj a select few
recognizers that will accept connected speech inpuat.
Threshold's approach uses dynamic programming, where words,
rather than combinations of phonenes, are recognized as
units, Threshold's Votrax unit uses a 16-channel bandpass
filter with a rectified compressor with proprietary
circuitry and a commercial codec.

Threshold emphasizes that its units will accept
connected words with very short interword pauses. Threshold

calls this feature "Quiktalk". In fact, Threshold notes




TABLE 13

Scotr Instruments

KEY FEATURES

Available on the APPLE or TRS-80

Easy to use---interfaces with off-
the~-shelf software or programs may
be written in BASIC, INTEGER-BASIC,
APPLESOFT~BASIC or MACHINE CODE

KEYVET feature allows voice to be
used in conjunction with the key-~
board (Apple only)

Multiple user capabilities with no
increase in storage requirements

40-word vocabulary with overlay
feature to access additional vo-
cabularies from disk

High accuracy {(98%+)

SPECIFICATIONS

Requires an Apple II or Apple II-
plus, 48K machine with at least one
disk drive, or a TRS~-80 Model I
with 32K or 48K and two disk drives

SIZE: Approximately 1%" Hx8" W
x 11" D

WEIGHT: Approximately 5 1bs

POWER: Apple power supply or
TRS-80---115 VAC. 60 Hz. 15 Watts

- 59 -




that it vill accept vords faster than normally encountered
in continuous speech (180 wpm). Tt i5 noted that this
feature permits data entry much faster than via keyhoard
entry, with a claimed accuracy of 99% e,

Prices for units with the Quiktalk feature should be,
Threshold states, 10-20 % above those for the older 500,
€00, and VIP-100 wunits, which can be upgraded to include
this feature. Thus, the SR80 unit sells for approximately
$16,000; the 6RO unit sells for approximately $13,300.

The Threshold 580 recognizer has a 60-word or phrase
vocabulary {expandable to 340). It includes two
noise-cancelling microphones, I't produces ASCII coded output

and has a 16-character alphanumeric display for voice data

entry and verification. Also included are ready anl reject
inlicators. The unit has a reject decision level
(cxternally set by program control). The 580 accepts

words/phrases up to two seconds in duration.

The Threshold 680 recognizer features a S0-word or
phrase vocabulary, and also produces ASCIT coded output., Tt
permits local tape cartridge storage of  user speech
patterns, training prompts, and output messages. The 680
includes a CRT display terminal for operator prompting,
eliting, and verification. The unit is current loop output
compatible from 50 Baud to 19.2 PRaud. The 680 has optional
wireless radio input. It accepts words or phrases up to two

seconds in duration, 1like the 580. Finally, for a quick




comparison of features of the 580/680 recognizers, Table 14
gJives a short listing of comparative specifications.

Threshold 580/680 units appear to utilize proprietary
filtcr alyorithms which statistically match digitized input
speech Jjata with storel templates. Threshold states that
its * Quiktalk feature consists of recognizing strings of
vords as units, rather than recogmizing individual words.
This permits detection of the shortest possible pauses
tetween words. Thus both of these units nearly attain the
long-sought goal of continuous speech recognition.

Purther specifications are qgiven in Tables 15 and 16
for the Threshold 580 and 680 recognizers.

The Auricle-I is designed to be a lover cost
recognizer, with a vocabulary of 80 words or short phrases.
Tt includes LST circuitry, boasts an accuracy rate over 99%,
and includes a settable reject level. One purpose of the
Auricle-T is to function as a henchtop development systen
which will help familiarize designers vith speech
recognition and help them decide if such an approach is
suitable for their end products. The Auricle-I costs
$2,500. Also under development is a board-level product, the
Auricle-I1, which is a speech recognizer card.

The Auricle-TI uses a 16-channel bandpass filter and a
rectifier/compressor that consists of proprietary circuitry
and a commercial codec, The Auricle's host 2-80 correlates

input templates with stored templates to determine matches.




Threshold

-- COMPARATIVE

Operating speeds
7Y 39% accuracy)

Vocabulary

Display

Speaker Training
Data

OQutput Code for
Each Utterance

vocabulary DMisplay
Message for
Operator Prompting

Electrical
[nterface

Software Compat-
ibility with
Standard Teletype
Terminal

(Rev. 3-14-80)

TABLE 14

Teohnology 580/680

FEATURES OF BOTH SYSTEMS

Recognizers

ARE SHOWN RELOW --

THRESHOLD 680

THRESHOLD 580

180 words/minute

40 words expandable
to 250 words

CRT

Stored in local
tape cassette

User programmable
character or string
of characters; stored
on local tape
cassette

User programmable;
stered on local tape
ca:ssette

Standard RS23IC or
current loop, serial
asynchronous ASCII

Fully compatible and
no special software
required

180 words/minute

40 words expandable
to 370 words

16-character
alphanumeric

Stored in host
computer

Unique ASCI! code

Controlled by host
computer

Standard RS232C or
current loop, serial
asynchronous ASCIIT

Requires special host
computer software to
handle communications
protocol
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Specifications
Power Reqguirer ..

Opcratng Temperature

Humiditv

Dimensions, in (cm)
Processor
Display
Local Operator Coasole

Weight, Ib (kg) 30 (23)

|
e

1107220 VAC single phase; 50/60 Hz; 125 Watts
(with standard-feat -es)

10 to 40°C (50 to 104°F)

Non-operating Temperature -40 10 66°C (<40 to 150°F)

i 10 to 90%, non-condensing

17.75 x 5.25 x 26.00 (45.0 x 13.3 x 66.0)
11.00 x 4.75 x 13.75 (27.9 x 12.0 x 34.9)
10.00 x 5.000x 4.00 (25.4 x 12.7 x 10.2)

Specifications subject 10 change without notice

mands or receiving messages or requests for
wnput verification.

The Threshold 5007580 terminals feature
Threshold’s exclusive QUIKTALK™ - the
closest yet to connected-word or continuous
speech recognution. QUIKTALK more than
doubles the rate at which operators may
communicate with their computers by per-
mitting pauses between words to be shorter
than required with ordinary isolated word
recognition systems. At an entry rate of (86
words per minute, operators have con-
sistently achieved better than 99% accuracy.

Model 500 typically provides data entry
rates up to 120 words or phrases per minute.
Where higher processing speeds are re-
quired, Mode! S80 offers a typical input rate
of 180 words or phrases per minute.

Taatures

- Fully interactive comununication

- Hands-free operation

- 60 word or phrase vocabulary, optionally
expandable to 340 words or phrases

- Two lightweight, noise-cancelling, head-
band microphones

- ASCII coded output

- ELA-RS232-C, CCITT-V24 or 20mA cur-
rent loop teleprinter output compatible
from 50 baud to 19.2K baud

- l16-character alphanumeric display for
voice data entry and verification

- READY and REJECT indicators to show

Covered by patents in the U.S.A. and foreigh countries

- 63 -

operator when the system is ready to
receive speech and when it does not
understand the input speech (REJECT in-
dicator optionally audibie)

- Reject decision level can be externally sec
by program control

- Structuring (vocabulary subset
selection) can be externally set by
program control

- Remote voice input control

- Training mode and speaker identification
selector

- RAM semiconductor memory optionally
expandable to 340 word vocabulary

- Optional wireless radio input

- Optional rack-mount or desk top con-
figuration

- Accepts words or phrases up to two
seconds in length

Yarranty
All Threshold Voice Data Entry Systems
carry a 90-day warranty for parts and labor.

o i it
the data entry company that has people talking

1829 Underwood Bivd . Delran New [ersey 08075
{609) 461-9200

. Printedin U S A . 6R1
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TARLE 16

S8 specyfocaraions

Specifications
Power Requirements

Operaning Temperature
Non-operating Temperature
Humdity

Diumensions, in (cm)

110/220 VAC single phase; 50/60 Hz; 125 Watts
(with standard features)

10 to 40°C (50 to 104°F)
40 t0 66°C (-40 to 150°F)
10 to 90%, non-condensing

Processor 17.75 x 5.25 x 26.00 (45 0 x 13.3 x 66.0)

Dispiay 15.00.x 14.00 x 13.50 (38.1 x 35.6 x 34.6)

Keyboard 17.00% 2.79x 7.50 (43.2 x 68.0 x 18.7)

! Tape Umt 8.25 x 12.75 x 16.25 (20.9 x 32.4 x 41.3)
Weight, 1b (kg) 62 (28)

Spectficanons subject to change without notice.

teractive, Operators can enter Into true two-
way communication with their computer,
whether entening data, giving spoken com-
mands or receiving promp:ts or requests for
input venfication.

Threshold 600/680 terminals feature
Threshold's exclusive QUIKTALK™ - the
closest vet 1o connected-word or continuous
wpeech recognitien. QUIKTALK more than
doubles the rate at which operators may
communica - with their computers by per-
mitting pauses between words to be shorter
than those required with ordinary isolated
word recognition systems. At an entry rate
o1 1R) words per minute, operators have

casistently achieved better than 99%
aceuracy

Modet 600 typically provides data entry

rates up to 120 words or phrases per minute.

Where higher processing speeds are re-
Juired, Model 680 offers a typical input rate
of 180 words or phrases per minute.

[ 3tres

-« Fully interactive communication

- Hands-free operation

- User-programmable vocabulary selection

- Local editing and control
S0 word or phrase vocabulary, optionally
expandable to 250 words or phrases
Local tape cartnidge storage of user

Cavered by patents in the U S_A_and toreign countnes

speech patterns, training prompts and
output messages

- Two cartridge tapes

- CRT display terminal for operator
prompting, editing and verification

- Two lightweight, noise-cancelling, head-
band microphones

- ASCII coded output

- EIA-RS232-C, CCITT-V24 or 20mA cur-
rent loop teleprinter output compatible
from 50 baud to 19.2K baud

- Host processor vocabulary subset selec-
tion and control

- Optional wireless radio inpult

- Optional rack-mount or desk top con-
figuration

- Accepts words or phrases up to two
seconds in length

TNy
All Threshold Voice Data Entry Systems
carry a 90-day warranty for parts and labor.

the data entry company that has people talking

1829 Underwood 8iva Defran New fersevy 08075
1609 461.9200

. Printed in U S.A. . 681

e




The Auricle-T has a 4O0-word vocabulary; this vocabulary can
be enlarged by using a host computer's memory to store
templates.

The Auricle-I requires three-pass training for
vocabulary itenms. The unit limits vocabulary to a very low
number of highly differentiated responses, so it is possible
to program in templates with a wvide variety of
pronunciations. Response time for the Auricle-I is listed
at 350 msec. for a worl of 1less than 1.2 seconds in
duration. It is noted that the Auricle-1 is a completely
stand-alone system with its own pover supply and
noise-cancelling microphone, The unit sells for $2,480.

Further information on Auricle-1 is given in Table 17.

Jerbex
verbex speech recognition products fall into the high
end systens level category.

Verhex is one of the oldest manufacturers of speech

recoynizers, and has been a pioneer in the area of
speaker-independent speech recognition technology.
Currently, Verhex markets two Spe-ch recognizers. The

Verbex Model 1AR00 is an isolated word, speaker-independent
speech recognizer (multi-user). The 1800 comes with a
recognition vocabulary consisting of the 10 digits, ™zero"
throujh "nine", plus "yes/no"%. This vocahulary can be

exparded to 50 words, The 1800 includes voice response (32




TABLE

Auriocle-|

Preliminary Speciticstions

Recognit ton

Systoemy

Features

o Seif contained:

Auricie-i comes comgiate with power supply, noise~
canceiling microphone and all necessary connectors.

o Easy to interface:
Auricle-I gelivers serial ASC)I code to RS-232-C interfaces
through a DB25 connector.

o Easy to train:
To enter a word into Auricie-(’s vocabulary, the user need
only say it three times.

e E£asy to use:
Auricle-i's front panel has large comtrols and indicators
that are visible and accessibie from a wide angie.

® Large vocabulary:
80 words or short phrases

® High freedom from error.
Advanced LS| circuitry makes the Auricle-| more than 99%
accurate.

e Settable rejaction levei:
The user can define the decision thrashold at which
Auncie-| differentiates similar words.

* Easy to develop:

Auricle~| has an internal “monitor” program that provides
the user with a simple method to evaiuate ditferent appli-
cations and vocabularies.

e Optional IEEE-488 Bus intertace

Specifications

Electricai:

Supply requirements — 115VAC/60M2 (Or 230VAC/50Hz)
Power consumption — 9 Watts

Microphone input impedance — 510 ohms

Output — RS-~232-C compatible serial ASCli code;
Baud rate selectable from 300 Baud to 19.2 Kilobaud

Speech:

Vocabulary size — 80 words, expandable
Maximum utterance — 1.2 seconds duration
Response time — laas than 300 ms.
Accuracy — 99%

Environmental:
Operating temperature range — 0-50°C
Relative humidity — 10%-90%, hon-condensing

Dimensions:

Height — 3 inches

Wwidth — 12 inches

Depth — 13 inches

Weight — 4 ibs

Warranty:

Against defects in matenal and workmanship tor 90 day-

Prices:
Please contact Auricle or authorized represenitative for
price and deitvery information.

Auncle, inc.. A Subsidiary ot Threshoid Technology Inc.
20823 Stevens Creek Bivd., Cupertino, CA 95014,
(408) 257-9830
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words or 16 seconds of speech) ; this can be expanded up to
512 words or 296 seconds of auldio response. Roth the
recognition and response vocabularies can be custoaized as
regquired for individual applications. The 1800 can alsd> be
used over the telephone. Table 18 indicates the Verbex Model
1800's basic specifications.

The second speech recognizer marketed bhy Verbex is the
verbex Model 1800-CSRS. This unit is speaker-dependent and
handles continuous speech input. The unit also has
single-channel entry wicrophone input; it 1is Dbasically
designed for high accuracy digit entry, plus 10 isclated
command words., We wish to point out the further possibility
of using the Verbex Model 1800 recognizer to spct keywords
in incoming Coast Guard radio transmissions. Tiis unit is
designed to accept isolated words as input, but this ray be
sufficient for the Coast Guard's needs., That is, we suspect
that keywords, such as "mayday," may actually he pronounced
slowly cnough for the Verbex unit to recognize these with
high accuracy. One unkmown in this area concerns how the
Verbex umit might generate "false alarms"™ for connected
speech input, from which relatively "isolated™ keywords

would have to be separated hy the recognition unit.

Voicetek's product line of speech recognition products

may be categorized as board level. With their relatively
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inexpensive board level recognizers, Voicetek is seeking the
home computer, hobbyist market,

Voicetek markets a line of inexpensive voice
input/output devices for small computer systesms. Voicet ek
notes that they have been ahle to achieve inexpensive prices
for their voice I1/0 devices due to their having successfully
compressed required electronics onto a single integrated
circuit chip, Following is a 1list of major features
recarding Voicetek's voice I/0 devices, which are called
Cognivox units:

1)Unlike speech recognizers that employ frequency

domain (filter bank) analysis, Coghivox umnits operate

on the time-domain signal. This allows for high
performance at low cost. Cognivox units also nse a
new and exclusive nonlinear pattern matching
algorithm to enhance performance, Voicetek

technology does 1involve the use of Fast Fourier
{ Transforms (FPT), but details are not available in
this area,

2)Voicetek units have been given a S50 hour burn-in or
testing period.

3)A Cognivox wunit 1is priced 1lower than either a
comparable speech recognizer or a voice-respdnse
unit, vet it comtines both features.

4)A Cognivox unit features casy training, with the user
repeating the desired vocabulary three tines at the

rcompting of the host computer.
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Voicetek's speech products are basically divided into three
lines:

1)VIO-1000 series of voice 1,0 peripherals. These are
priced at $2u49 and are for Rockwell AIM-65, DFT/CBRBM
16K or 32K, or Apple II computers. This 1is the
top~of-the~-line Voicetek unit.

2)VIO-XXX series of voice 1I/0 peripherals. These are
priced at $149 and are for economical voice 1I/0
applications that do not require high fidelity speech
output. The VIO-XXX 1is suitable for PFxidy's
Sorcerer, Z-R0 based systewms, TRS-BRO, LIIT, 16K, and
PET/ CBM, 16K or 32K computers.

3) SR-100A and SR=100P units. These are speech
recognition peripherals for the AIN-65 (U4K) as well
as the PET/CBM (8K, 16K, and 32K) computers.

Finally, note that Voicetek software is written in BASIC on
cassette, It has filtering routines, including FFPT. The

following Table 19 summarizes major Voicetek features.

Yotan

Votan nmanufactures both systeas and board 1level
recoynition products.

Votan has a very interesting approach to voice 1/0,
which coasists of a reversible alqgorithm that works for both

voice input and voice output,! Their top-of~the-line mdodel

! Voice output is an imminent enhancement.
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TABLE 19
VOICETEK COGNIVOX

. Speech input and output combined in one unit.

COGNIVOX is the only unit in the market that allows both speech input
and output. Our experience with COGNIVOX and customer feedback
indicates that this is the way to go in speech peripherals.

2. Extersive applications software and support.

This is the area of crucial importance since, for most users, the
utility of a given system is directly proportional to the available
applications software. Recognizing this reality, VOICETEK, has a
strong commitment to seek out and develop applications for speech I1/0.
We currently offer two sophisticated speech-operated video games, as
well as utilities such as a talking calculator, vocal memory dump, etc.
We are also working on a series of application articles to be published
in the major microcomputing magazines, such as BYTE, Kilobaud and
Creative Computing. Applications include speech-operated instruments,
voice-controlled machines and toys, talking appliances that res: nd to
spoken commands, and so on.

3. State-of-the-art design.

Unlike other speech recognizers that emplov frequency domain analysis,
COGNIVOX, operates on the time-domain signal. This novel and unique
approach allows for high performance at low cost. In addition, COGNI-
VOX emplovs a new and exclusive non-linear pattern matching alogrithm
that significantly enhances its performance.

4, Quality hardware.

The COGNIVOX hardware is carefully designed and assembled. It is
tested after assembly and again after a 50-hour bum-in period to insure
long and trouble-free life, The COGNIVOX hardware is enclosed in a
beautiful injection-molded instrument case, giving it an elegant appea
appearance.

5. Affordable price.

COGNIVOX 1is priced lower than either a comparable speech recognizer or
a vnice-response unit, yet it combines both features. The low price is
made possible by innovative design and by our conviction that voice I/0
must be priced right before it gains the wide appeal it deserves.

6. Easy Training.

Todav's technology allows only speaker-dependent recognizers, meaning
that the recognizer must be trained to the voice of the individual user.
In the case of COGNIVOX, this training is very easy and can be done
quickly, as the user must repeat the vocabulary three times at the
prompting of the computer. Training the voice response portion is also
very simple, requiring that the user pronounce the voice response
vocabularyv only once.
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is the Votan V1000, The V1000 is a stand-alone development
system designed to enable product planners to evaluate the

use of Votan's speech technology in proposed or existing

products or systems. This is an increasingly popular
approach with voice TI/0 device manufacturers in general,
The V1000 sells for $5,000. Votan also markets the v2000,
which is an industrial control wmodule, with training and
display functions carried out by the host software. It has
a list price of 3,400. Finally, Votan markets the V3i0N00
which is an O.E.M. circuit board, at a cost of $3,000.

The V1000 1s a stand-alone device. It will accept
words or phrases up to two seconds maximum duration. Tt has
a capacity of up to 100 seconds word storage (approximately
160 words single-trained or 80 words double-trained). The

V1000 will operate under very high noise conditions (up to

85dB of background noise\,

[ Votan uses an analoj-to-digital converter to transform
incoming speech data into a digital representation. A
proprietary algorithm then processes the speech signal into
its frequency components. Following the spectral
transformation, dynamic programming warps spectral teamplates
for comparison with reference teamplates. The spectral
processing algorithm is rewversable. This means that it

should be able to accommodate speech synthesis as wvell as

';‘ speech recognition.




Votan's synthesis chip provides wuser programmability,
which is lacking in other LPC-based synthesis chips. Thus
Votan's chip should be user-trainable 1in the field for easy
accommodation of nev vocabulary for synthesis. This
approach should also allow new flexibility in speech
selection for synthesis; previous LPC synthesizers have had
to be reprogrammed in the laboratory. Votan pronmises
significant future enhancements to their systen. Follovwing

is Table 20, listing these enhancements, plus the general

operating specifications of the V1000,
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Votan V1000
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eCOQh ze 3 vNCaADuIaly ~01J 5poRen Oy
1y LSe wthoul ‘NGividual user 1airng

Speech Synthesis
;137 s ntegrated ‘ecnnniogy uses ‘he
“ame 5roprietary jlgorthms tor DOth syn-
hesiS ang recogniton

Continuous Speech Input
SpeC-al aigos Inms ‘or gatecting 1erword
=sLr At es w 30w L5875 0 spean
AT SAUSeS Detween words

Speaker Verification

Atma,gr ma VICCO nas 3iready
1emonstrated 1S abiity 10 SLOPO!' Speaker
a0t caton and denticabor apphcatons
ayen r 'he w00 '8COgGnilion Mode add-
Loral per'ormance Can D8 achieved with
SDEC 31 DUTDOSE 31GOTIhms

A 0! 'ne above 'agtures wil be Mmade
v3vade 3s upgrades ‘o axsung V1000
NVANL dasl 3

SPECIFICATIONS
Audlo input

_Ow @ver Dvnamic mic-opnone 20 My Mg
hgn evel ' volt rms

Cannactors Both are  « :nCh ONONe dack

Digital Input/Output

a5.232C port ASCH character “ode L 10
' 2 «Daud

Accuracy

39 + % (measured by 'actory 16st ‘apes)

Noise immunity

Main;ans performance with background
~Oige rOom tonversatons machines and
mMusic uD '0 85 dB noise level

Vocabuiary

2 secong manmum Juratcn 21 each word
r Ltterance 00 secords word -10rage
aporeximateny T6C ‘ypiCar woras single-
aired A0 words Joubie-traineq)

Physical Dimensions
Wigh *t ncneg

Tepth B nacnag
Heght 3': ncres

Electrical
t1e Lars 0% 3060 Hr IO wat's

Warranty
9C cays for parts ard abor

To arrange & convenert Jemonstration ot 'he V1000 cr ¢
‘BCEIvA JOCHIONA ~IOIMATON ON WIGN § 1eCroIogy
Diease call o wrie

VOTAN

26046 Eger Lanaing Rnag Une ?
aywarg Carforma 34545

1415) "858060




CHAPTER 5
OVERVIEW OF SPEECH SYNTHESIS PRODUCTS AND TECHNOLORY

This chapter coantains a brief review of currently
available speech synthesis technology, plus a statement of
Coast Guard operational re-uirements in this area, Thr ee
categories of subject matter discussed below are: 1) price
ranges of speech synthesizers, 2) different product levels,
and ) Coast suard operational requirepents related to
speech synthesis technology.

1) Price ranqges of speech synthesizers, Speech
synthesis products vary widely in price. Por example, we
note that Centigran's complete voice development systen
(model 6700) costs approximately $£29,500. On the other end
of the scale, we note various board and chip level products
costing several hundred dollars, or less. Obviously, speech
synthesizers vary widely in performance as a function of
price. This report details the various advantages and
disadvantages of each of the speech synthesis products
revieved, so that price value can be determined for any
systems of potential interest to the Coast Guard.

2) Different product levels. This report notes that
speech synthesis products are in three basic categories: LSI

chip-level products, printed circuit board products, and

complete synthesis systems.




LSI chip level products generally come with no control

software and must be integrated into circuit boards before

they can be used. This report cautions against using such

products without being fully aware of the engineering andi

develofpmental costs which accompany such speech
synthesi zers.,

Printed circuit board products are designed to plug into
the interface units of existing host computers (RS2312-C or
parallel interfaces). Board-level synthesizers are
generally easy to integrate into existing host computers.
Flaborate softvare is generally not required, as
synthesizers of this type generally operate unler A5SCII
input, from a host terminal.

Complete speech synthesis systeas are the most
functional. For example, the Centiqram 6700 Voiceware

Development System is in this category., It <comes coaplete

. { vwith a host computer, CRT terminal, digitizer, ani
5 ‘ Centigram®'s Lisa synthesizer. This type of system requires
‘ nothing wmore than being plugged into a wall socket for

operation. Such a system is very easy to operate, though it

73 tends to be relatively expensive.
3) Coast Guard operational requirements related to é
speech synthesis technology. Overall the operational
rejuirements for Coast Guard broadcasts are for a 4

synthesizer with an essentially unlimited vocabulary. This

wounld allow for broadcasting vessel names, geographical
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storel coefficient values obtained fron real speech.
Secon}, there are the rule synthesizers, which model spuech
u;on various parameters, combinations of which are used for
a~tyal synthesis. Finally, there are the synthesizers which
re:ly upon direct Jdigitization and playback of real speech.

For readers unfaeiliar with linear prediction coding or
L?C aralysis, refarence is made to Markel, ~ray, and Wakita
(187%) . In this SCRL Monograph, the authors detail LPC
analysis which 1involves prelicting data from past data
saeples. Such an approach is intimately related tn multiple
regression and to setting up  digital filter coefficients
which allow for an economical (in terms of bit rate)
representation of  speech data, LPC analysis is cormonly
used in andlysis synthesis.

As with speech recoqnition produc-ts, speech synthesis
products may be Dbroally dividel into three general product
classifications: systems level products, hoard level
products, an?t chip level products, The systems level
prolucts are generally characterizahle by including a host
computer and consisting of stand alone terminals which
synthesize speech.

SCRL received information from ¢the following twelve
manufdcturers of speech synthesizers: 1)Centiqram, 2)"eneral
Instruments, J)Interstate Flectronics, W) Kurzweil Computer
Frolucts, %) Maryland Computer Services, 6)Mimic, T}N5C,
R) National Semiconductor, 7) Percom Data Co., t0) Telesensory

S5peech Systems, 11)Texas Instruments, and 12)Votrax.

')K
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Centigram's Lisa synthesizer 1is in the category of
board-level products, as it is designed to connect to an
existing computer interface,

Centigram has recently introduced their Lisa speech
synthesizer which uses parametric waveform coding intervals
of 50 msec. This unit features a low bit rate and connects
to an RS232-C interface, The Lisa has memory storage for
30-120 seconds of storel speech data.

Centigram notes that their parametric waveform coding
allows the user to reprogram the unit in the field, so that
new intterances may be immediately stored for playback. This
circumvents the problem encountered by most available
synthesizers, which require reprograaming for synthesis of
additional speech data at the manufacturer®’s base of
operation. Table 21 indicates the specifications for the
Lisa synthesizer vhich sells for $3,450.

The price is very reasonable considering the fact that
the unit may be reprogrammed in the field to synthesize any
desired utterance, Centigram emphasizes the high-quality
voice output of the synthesizer.

Centigram also markets a large voiceware development
c.ystem for $29,500 (model 6700). This system includes a
digitizer, Lisa synthesizer, microcomputer, disk, floppy

disk, and required software.




TABLE

21

centigram's [L1sSa Parametric Waveform (Condlng Synthesizer

Speech File Generation

Users can generate vosce output files for LISA i any one of

three ways:

@ Load the Cenagram Standard Voice Library to a disk file
and then, from the application program. transfer the
records to the LISA buffer.

® Send the desired scnpt to Centigram. Centigram will pre-
pare a custom library, using professional speakers. and re-

tum the vocabulary bit on a disk ortape. As an
alternative, vocabulary can be & d to the user site
from a Voice Ware Develop Systemn | d a1 Cenn-
gram Corporahon.

® Use a Cenugram Voice Ware Deveiopment System to cre-
ate individual voice libranes. The system dipitzes and
compresses voice, and has flexible editing capabilines.
The system then will create files for downline loading on
YOuUsr computer system.

Features

® [nterposed between host and terrrunal to provide concur-
rent CRT and voice operation

® Local terminal or host computer control

® Self-test and host-dnven diagnoscs

@ Only 300 to 600 bytes of storage per second of speech
® Vanabie output format up to 4.800 bits per second

@ [ntermal buffer provides 30 to 120 seconds of vanable
(RAM) or fixed (t EPROM) local memory

© Standard external interfaces—RS-232-C for host compu-
ter and terrunal communications

@ Telecommurnucations rates from 110 to |9.200 baud
® Asynchronous format using ASCIl and EBCDIC data

About Cg:_ntjg@

Cenugram Corporanon 1s the ““total solutions ' company in
the field of digital voice technology tor computers and com-
munications Cent'gram’s state-of-the-an products cover
the fuil spectrum of man machine communication. LISA™
talks (voice out). MIKE ™ hstens tvorce in). and VOPAC™
communicates (voice transmussion). The Centigram
VoweWare ™ Development Systemn includes and supports all

these products
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3eneral Instruments' speech synthesis products are
qjeared toward the chip level market. Again, this product
classification involves sales to oriqginal equipment
manufacturers who wish to use speech synthesis 1in existing
products under development. General Instruments' basic
approach to speech synthesis support:. phoneme synthesis,
even though it is an analysis synthesis approach.

General Tnstruments' basic LSI chip synthesizer 1is
designated the SP0250. This chip contains circuitry for a
6-stage, cascaded 12-pole progranmatle filter designed to
egulate the human vocal tract. The unit features simple
interfacing with any 8-ftit microcomputer and a standard ROM
to form a complete speech system. The SP0250 chip is also
used in General Instruments' stand alone speech
synthesizers. First, the 5P0250 is available with a 16K ROM
and controller technology on a single chip, as the SP0256.
? ‘ Or, it is available with a 312K ROM and controller technology
‘é A on a single chip as the SP0232 (for future release). Table
3 22 describes feneral Tnstruments' approach to speech
53 synthesis, plus their speech processors and speech ROMs.

jeneral TInstruments markets several speech interface
chips, glus a complete speech synthesis module. Their

speech synthesis nodule VSNM2032 combines the Sp0250

synthesizer chip, a PIX1650A nmicrocomputer (for formatting

L

'
!
3
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General lnstrument Speech Processors

A9 a pioneerin speech synthesis, General
Instrument has developed a growing famity of
spesch products capabie of ing the h
voCal tract.

The SP0250, a stand~sione speech proceesor, is
capable of producing 8 to 20 seconds of naturai

D or 40 ds of robotic speech from its
internal ROM. Using external ROMs, the chip car
be expanded to address up to 491K bits of mem-
ory directly—up to 610 seconda of natural speech,
and up to 3388 sequences of words or phrases.

It's easy to expand the vocabulary of the SP0256.
You can choose one or more of our serial speech

SPEECH PROCESSORS

4 PURCTING OBBIFTION

A S-stage, casoaded 17
SPQECH iter © (L)

and S o KeMs

Speech Synthesis

ROMs (SPR018. SPRO32 or SPR128). Or use the
SPROOO to intertace with other standard memories
The SP0256 can aiso be easily intertaced 1o Micro-
computer/Microprocessor based systems, directly
or through FIFO chips (SPB512 or SPB840). Appli-
cations cover the antire spectrum from low-cost
high-volume single chip products to high-quality
low-volume products, in ail market segments.

Reter to the tadie for other design options availadle
trom General instrument including speech synthes-
izers, and an off-the-shelf moduie ready to talk with
the addition of & power source and speaker.

mm

Simpie interface with sny 8-bit Mcrocomputer and
2 ow stancard ROM 1o fonm & compiste speech sysiem. TTL

4
§

SYNTHESIZER
omiiate ihe human treot, competibie: requires singie 5V supply.
p L —rd Sogle cnwcuwnumrsymw ¥ on board 18K
SPO280 Gpweah trer, 18K 1uoports SV By y o3 &y -
$P0254 28 O\ requires § singie +5V » and can sddress up 1o
“th‘ mmc«mmmym- n\xwmmoim.gyMMaan
AND ALONE' | single ohip. voiose with high quelity.
SYNTHEBIZERS | Combines Generst instrument's
e ey 32X as |18P0232 | 28D1P | AU of the eatures of the 590258 buk with 37X ROM.
singie chup.
smqu Chip/Controller/Sy . supports LPC.
SPEECH Combirme the SPO280 Speech Formant, based & singie +5V
CONTROLLER, | Syrthesizer and Controtier on « tePo200 WOIP | oy avd can sckiress m-omomomona?-cw
SYNTHESIZER | singis chip. Svnihesites maie of femels vOKCwe with b high quaity

I tHor future relense.

J SPEECH ROMs.

A 128K SERIAL Qrganized 18.384 x §. Serial In/Sertal Out. Auto incre-
AOM menting address

pany acctse SupwLY
RamcTioN oescReTION. T ccs ovmuamion | SUPRLY | pacxaca
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speech data), and an RO-3-9313 ROM (for storing speech
data). The unit is all contained on one ¢grinted circuit
board and is designed to function as a speech synthesis
evaluation molule, with built-in filter, amplifier, on-board
calculator, and clock vocabulary of 32 words and syllables
which can be concatenated. The vocabulary can be modified
by using custom ROMs or EPROMs. Table 23 1lists the
specificaticns for General Iastruments' speech interface

chips and speech synthesis'module.

Interstate Flectronics

Interstate's speech synthesis products are in the board
level product classification.

In the preceding chapter of this report, it was noted
that Interstate is a major manufacturer of speech
recogniticn products. In this section of the report, we
vill only mention the characteristics of their VTN150 voice
response module.

The VTM150 is a single printed-circuit board capable of
rhoneme synthesis (rule synthesis) of isolated or connected
speech. The board provides a standard fixed vocabulary of
approximately S00 wvords, and a user-programmabhle vocabhulary
of approximately 1000 words. The folloving two tables, 24

and 25, describe specifications of the Interstate VIM150

voice response module.




TABLE 23

Ceneral nstrument speeh Intoertace Chips and Vopoer

INSTRUMENT

SPEECH INTERFACE CHIPS

other Pravides Interface to sddresa/control SPO28S from
- BUFFER \nstrument epesch AOMs. 0 n slores spesch
10 bit » 84 worde FIFO buffer memory aumwmwummwmm
LOMC 10 Proviis apeech dals to SPO2% speech
Trom eGurces other then Geners whe0 | wor
instrumant speech ROMs.

INTERFACE Serial 0 peraitel conversion of

Enabies SPO25S
CONTROL #0cress. Parsiel to senal conversion of | SPRO0D
LoaIC deta and other controt logic. standard parsiiet memories.,
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TABLE

Inrterstate

INTERSTATE

VrM150 vVoice

24

Response Module

VOICE RESPONSE MODULE
Model VTM150

Interstace’s single-board Voice Response Module

Single-Board Voice Response

The VTM150 s a singie printed-circuit board capable ot
phonemic synthesis ot solated or connected speech with a
low data rate from a controlling host processor. The board
provides a standard tixed vocabulary of approximately 500
words and 4 user programmable vocabulary of approximately
1000 words

The VTM150 15 controlled via 12 commands: four commands
tor vanous playback functions with and without editing, four
commands to controi downloading with and without editing,
one command to allow uploading all or specific vocabulary
iterns. and three utility/system control commands.

voiwce Response Module VTM150 contains a senal and a
paraiiel port for host communication via ASCH characters and
a Multibus™ parailel intertace also controlled via ASCIt
characters tach of the 64 phonemes and 4 intlection levels
tor each phoneme are sent from the host to the VTM150 as
two ASCI characters to generate the user defined program-
mavle vocaobulary Any vocabulary items n the fixed or pro-
grammable memory may be randomly selected and output
to a hstener via an ASCIHl word number.

The VTM150 renvers 2 watts of audio output nto a 16-ohm
speaker
User Configuration Control

The VTMI50 board contains a mictoprocessor. 4K-bytes of
program EPROM. dK-bytes ot EPROM for hixed vocabulary,

® Single-board voice response system

@ 500-word fixed vocabulary

e 1000-word user programmable vocabulary
o High-quality synthetic speech

® Multibus'™ parallel interface

® Serial and parallel ASCil communication
ports

® 2-watt output to external speaker

® Vocabulary generation, editing, and playback
commands

10K-bytes of static RAM tor programmabie vocabulary and
word number index file. a parallel output port with speech
synthesizer integrated circut and power amplifier. a host
senal and parallel port, and a Multibus interface.

User configuration control 1s provided via eight control ines
to the parailet 1/O port shared by the speech svnthesizer.
Two of these lines select the user's mode of communication
to the host; three select the senal word format; two select
the paraliel handshaking options: and one selects the ter-
mination character. Configuration control may be accom-
plished by either external TTL logic levels or directly by
onboard switches,

YTM150 SPECIFICATIONS

Performance

Vocabulary Size: Approximately 500 words, fixed: 1000
words, user programmable.

Host Commands

Playback Commands:

PL ~ Playback word or words. including repeat and delay
features

PA - Append and plavback

P! ~ Insert and plavback

PM ~ Modify and playback




TABLE 25

1 Inters*ate VTM150 Voi1-e Responsce Module Ficw Char'
Edit/Programmable Vocabulary Commands: Audio Output
A - Append (insert phoneme stnng) 2 watts into a 16-ohm speaker with onboard audio level
i = (nsert (insert phoneme stnng at specified word} adjustment.
D - Delete (by word or words)
M — Modify (delete and insert new string and re-sequence) Mechanical
Card Size: 6.75 x 12.0 x 0.062 inches (standard Intel
Save and Utllity Commands: Multibus card size!
S - Save/upioad
#8 — Clear entire programmable vocabulary* Connector

F - Free (displays available RAM and last word number)

8 - Bit set for intescom control via parallel 1O Power: 86-pin, 0.156-inch spacing, Viking 2VH43/1AN or

equivalent.
*$ = Conuol key
Signals: 60-pin, 0.100-inch spacing AMP PE5 14559
Digital Input/Output connector.
® Parallet TTL input/output — 8 data input, 8 data output, Electrical
and 4 control.

Power Requirements: 590 mA at +5 Vdc; 100 mA at +12

& Asynchronous senal, R$232-C or current loop. 50 to Vdc: 110 mA at -12 vdc.

19.200 baud {switch selectable).

Environmental
® Multipus  parallel data transfer — 8 bidirectionai data Temperature: 0 to 50°C.
lines, 8 additional interface lines, and 4 Multibus
communication lines. Multibus™ is a trademark of the intel Corporation.
Index RAM
XK-hvten
Controt
Program
{_———_— 14K-bytes EPROM)
-’ Microprocessot ¢
.“ User Programmable
. Vocabulary
: 8K-byres g 1000 Words Fo—— - -
iStatic RAM) { y |
P e
! o) | Text to Speech ! Future
Seral 1.0 t | toK-bvtes EPROM : Opuion
+ | Fined !
— Vocabulaiy e 500 Words S |
E | robrom 4K -bytes EPROM)
. Lol 13 |
' i o | _ —
) 200 Paraliet Speech Speaker
v ' i |/‘ou Synthesizer ’_J 2.1 Amphifwer
¥ J _J
» | !
: | \ 8
4———.J Muitibus 1’0 ] l
‘ iy Data/Address  User Contiguration
}Bus Control
Block Diagram of Voice Response Module VTM130
¥y
A INTERSTATE
ELECTRONIKCS
; CORPORATION

E Voice Products Operations
p { 1001 €. Ball Road. P.O. Box 3117, Anaheim. Califorma 92803

: Telephone 714/6135-7210 TWX 910-591-1197 Telex 655443 & 655419
Call toll-free: in the continental U.S. 800/854-6979; n Califorma 800/422-4580

! - 86 -
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Kurzweil Computer Products manufactures speech
synthesis products wvhich may be characterized as systens
level products.

Kurzweil also manufactures products for the blind which

include speech synthesis. In particular, note their
Kurzweil Feading Machine Model TITI. Table 26 gives a short
description of the unit, .

Speech synthesis as an aid to the blind has been one of
the earliest applications in mind for wvoice or speech i
generation devices. Kurzweil has been one of the leaders in

considering the needs of the blind.

——md R e Al e man =S alalo

Maryland Computer Services produces speech synthesis

terminals, designed to interface to an existing computer

| systea. Thus, their products are between purely board level
'J vroducts and total systems level products, which generally

' ( include a host coaputer.
Maryland Computer Services does not actually

manufacture speech synthesizers, but includes existing
dlevices in their products vhich are basically oriented
toward the blind. One of their products is the Total Talk

computer terminal, which lists €for $5,995. This unit uses a

;1 Votrax VSB synthesizer board which is a phoneme or rule

synthesizer with 64 phonenes. Tt  has a list of
approximately 400 pronunciation rules.

- R7 -
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SPEECH JUTPUT TERMINAL CAPABILITY ADDED TO
KURZWEIL REACING MACHINE

The Kurzweil Reading Machine Model I1I now incorporates a Spesch Output
System that allows the Reading Machine to function as a full-word speech out-
put device when connected to a suitable computer Or computer terminal. This
system permits the Reading Machine to be used as a receive-only terminal,
analogous to a computer terminal. Although the Speech Output System does not
entirely replace standard send-and-receive computer terminals, it can be used
in conjunction with most ordinary terminals to produce spsech output in place
of print-outs.

The Speech Cutput System will accept ASCII Text presented through an RS-:32
interface which is located at the rear of the Electronic Control Unit of the
Reading Machine. The ASCII Text 13 stored in a 2000 character buffer, converted
tc phonemes and synthetically spoken. A complete set of keyboard instructions
allows the user to back up in memory, repeat previously spoken lines or words,
spell words and analyze punctuation.

The complete Speech Qutput System is contained in the digital cassette
which also contains the standard Reading Machine System. The Reading Machine
may be converted into a Speech Qutput System by means of a special command at
the keyboard. While the RS-232 port is set to operate at 4800 Baud, the
cormpany will modify it on request to accspt any Baud rate from 50 to 19200.

This computer voice output capability should open up new vocational possi-
bilities for the visually handicapped in such places as data processing depart-
ments, fin.ncial institutions, reservations offices, and customer service depart-
ments, in which the ability to read such computer information is a must. It
will also greatly facilitate research efforts of blind students, scientists, lawvers,
and other professional who need access to computer information.




The terminal can switch from full words to spelled

speach, and includes an ad justable speech rate, pitch, tone,

and volune controls, ™he terminal can be set to
antomatically speak information going to or from the
terminal. The unit also includes a speaking cursor key.

Following 15 Table 27 which lists the Total Talk's
specifications.

Maryland Computer Services also manufactures a number
of other systems for use by the blind which incorporate
speech synthesis. These include a talking telegphone
directory, a talking information manaqgenment systen, an
automatic form writer, a talking word processing system, and
a talking CRT terminal, These products illustrate the
increasing use of speech synthesis in commercial products,

in an application where it is of special benefit to bhlind

users.

qimic

Mi ic is a manufacturer of board level speech synthesis
products.

The Mimic speech processor is designed to synthesize
speech on smaller computer systems, such as the TRS-R0,
Apple 17, Ap-85, etc. The unit consists of a board which
dijitizes speech into a bit strean which can be sampled by a

computer, stored, and played back. The unit consists of an

atalo j-tno-digital converter and a digital-to-analoyg
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Maryland comoutor Sory

TOTAL TALK

e

HIGH QUALITY
RESOLUTION PRINT

MENU

SPEECH OFF

EARPHONE JACK

SPEECH RATE
CONTROL

80 charucters

L

- 0D NN 2 AP D ok .

lotal Talk Torminagl

Full
. Speech

il

- Comp

—_—

uter
| Terminal

PITCH CONTROL

VOLUME CONTROL

EMBEDOED

8 CURSOR
CONTROL KEYS

STANDARD ASCII

— NUMERIC PAD

CURSOR
LOCATOR KEY

KEYBOARD

Specifications
Baud Rates — 110. '50. 200. 300, 600, 1200. 1800,
2400 36004800, 9600 and externai

Asynchronous Intertace — £/ A Standarag RS 232C
fudy o Yatible with Beit T03A modems).

Transmussion * sy — Fuiland Halt gunlex
Asyncnhronous

Operating Modes — On C.ne. 3ff Line, Character Line.

Parity - Se.ectable Ever Odd, Zero One

Screen Capacity — 2.4 ines x 80 colunins
1 920 characters)

Display Memory — 48 ones x 80 columns
13.840 characters)

8 Cursor Control Keys / Numeric Pad
Cursor Locator Key / ASCIl Code Keyboard
Selectable Tabs and Margins

Fult Editing Capabilities

Delivery — 30 Days

- 40

TOTAL TALK easily connects to most computer sys-
tems either directly or over a ielephone line. The
communication parameters Jre set ‘fram the keyboard
ang handle 3 wide range ot protocols. All parameters
can he vocalized, enabling the bitnyg operator to cnange

ana vertfy them

TOTAL TALK's many features make 11s use uncompii-
cated and straight forward. Tabs and marqins are eastly
set. The curser locator key vocatty 'nforms the operator
ot how many characters from the left margin and how
many hines down from the top of the CRT screen that
the cursor 1s positioned. Standard editing capabilities

:nclude nserting hines and characters, Jeleting tines and
charac:ers. clearing the entire display and rndernning.
A numeric data entry pad 1s embedded in the standard
xgyboard tor easy entering of numbers.

For more information contact

K oW .

\ 1 N MARYLAND 2010 Rock Spring Rosd !

hb COMV'UTER Forest Hill, Maryland 21050 :
SERVICESin¢  (301) 838-8888 / 879-3366

—— e AR———
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converter (or a similarly-operating codec), with appropriate
downsampling.

The Mimic speech processor 1is described as having a
data rate of 9600 bits/second, wwhich is a relatively high
hit rate. Mimic notes that a 400-word vocabulary can he
stored on one side of an 8-inch floppy disk (with an averaqge
word duration of .5 seconds).

The system comes whole, or in parts. A fully assenbled
aud tested module costs $79 and a kit for the module costs
only 319.95. Following 1s Table 28 which 1lists available
Mimic units.

Mipic's speech processor unit is most interesting, ani
the $19.95% board kit has to be considered an unqualified
tar jair. The unit apgears to have wide applications for
experimenters interested in digital samplinj and playback of
voice, The unit could also apparently be used in
¢onjunction with a host computer for speech recognition,

given appropriate processing algorithms.

1€
I
[

4SC's voice output products are board level products
which are qgenerally designed for purely commercial
ajpplications.

Mo panufactures voice output products which use LST
circuitry for actual recordiag of input speech data  for

subsequent playback. Thus, their devices are not truly
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TABLE 28

Mimic's List of Product s

1. User's Manual for the MIMIC Speech Procesgsor: $5. Contains
complete theory of operation, schematics, assembly drawings, and
3-100 Bus interface example with Z2-80 (8080) driver program.

! 2. MIMIC audio demonstration cassette tapes $7.50. Compares MIMIC
: with other techniques in side-by-side listening tests.

3. Bare one-sided printed circuit board for the MIMIC Speech
Processor: $19.95. Build it yourself. Manual not included.

4. MIMIC Speech Processor: $79 ($75 without manual). A fully
agssembled and tested module.

5. MIMIC System for Radio Shack's TRS-80: $169. Within minutes,
you'll be demonstrating speech I/0 on your computer. Table or
wall mount. System includes manual, microphone, speaker with
volume control, power supply, and a special cable assembly.
Plugs into printer port on expansion interface, or use Radio
Shack's Printer Interface Cable #26-1411 to connect to bus.

6. MIMIC System for Cromemco's TU-ART: $169. Similar to item
#5 above, but with a different cable assembly.

7. MIMIC System for Parallel Port: $149. Can be wired directly
to TTL port on most computers. Similar to item #5 above, but
uses a standard DIP jumper instead of a special cable assembly.

*# Available soons MIMIC Systems for ZX-80, Apple, H-8, and HP-85.
Let us know your interests, and we'll put you on our mail list.

#% Note: For all MIMIC Systems, deduct $4 from list price if a
manual i3 not required, and $10 if power supply not required.

! 8. S-100 Bus wire-wrap MIMIC interface card: $79. As described

' in manual, fully assembled. Large area for additional user

-\ logic. MIMIC System for Parallel Port, without power supply,
plugs directly into this card (order items #7&8 for $218 total).

9. STD Bus wire-wrap MIMIC interface card: $79. Similar to #8.
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speech synthesizers in the strict definition of the ters.
Yet, as their devices perform nearly identical fumctions as
do comparable rule or analysis synthesizers, they have been
included in this section dealing with voice output devices.
MSC notes that there are a number of advantages to their
approach as compared to other speech synthesis techniques.
First, their devices claim excellent voice quality, which
is, "“indistinguishable from live voice®, Certainly, this
caannot be said of most commercial speech synthesizers. mnsc
also notes that their approach uses no moving parts, as do
analog tape transports. Similarly, NSC's ISI circuitry
avoids audio degradation associated vwith repeated playback
of audio tapes.

MSC's top-of-the-line device is the 1650 Proqranmsable
Voice Readout System (VRS). The modular design of the 1650
VRS can accommodate 10 plug-in circuit hoards, each with a
capacity of 16 words stored in fragments of 406 milliseconds
on individual ROMs and PRONs. Thus the vocabulary can be
expanded to 160 vords of the user's choice. HNSC will custom
build 1650 systems to include the vords specified by the
customer. Table 29 describes the 1650 VRS's specifications.
Note that the 1650 comes complete wvith ROMs that are
preprogrammed with standard MSC vords, plus programmable

ROMs ready to accept words of the user's choice. The 1650

has a list price of $650 and vocabulary is $50 per digit.

J
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MSC 1650 Proqgrammable Voroe Readout systom

Ao
100
Programmable Voice Readout System (VRS)

® Soid-state retiabiity

o ‘Mde vanety of applicatons

* High-fidelity voice duplication

® Expandabie 16 160 spoken words of your choice

The Model 1650 lets you add custom words 1o ts
standard vocabulary without paying custom charges
The system comes compiete with Read Onty
Memories (ROMs) that have been pre-programmed with
standara MSC words, plus Programmabie Read Only
: Memanes (PROMSs) ready 10 accept words of your
! ~hoosing.
H is modular design accommodates 10 plug-in
cicut boards. Each board has a capacty of 16 woras
. which are stored in fragments ot 406 milseconads on
- ndivigual ROMs and PROMs. A vocabulary can be
) expanded o 160 words within the standard ¥ ATR rack
The desired message. which can be accessed nstantly
whenever needed, § “spoken” with Such quaity and
~1arky 1S Indistinguishaie from a ive anrouncement
This proven, binary addressabie system is Cumently
beng used throughout the world in Criical applications
such as awcralt waming systems, hospials. rehinenas,

~hemical plants, and telecommunication and Timing Diagram for Binary in
irformation systems of every kind ng put

. The Modiel 1650. ke all our soha-state readout 3

" ' systems. has no tapes to replace and no moving pans
whICh Could jam or wear; 1t operates vitually womssme I
mantenance-free h 1

£ ABE
Specifications —) — N
Physical Size. %2 standard ATR rack (1057"W x 52" H s L
x 858" D) Lo * Y
Qutout, Audio =6 dbm 1o 0 dom balanced et et M
[}

“ower Supply: +12 VOC

inout Power. 25 watts (max) S am— ; g'*;: + ;
. Operating Tamperature: 0°C to 70°C ’ o
' input Format: Binary address
i Gutput Transtormer, solated 600 ohms: dua! 3udio
circuit output provides 8 ohm @ 250 mw for
montonng Output Connections ey
. MOTE Many slandara intertaces are avaiable Please Ol st o
~ontact the tactory for aetaled information - -
Ordering Information o ver LG { el FS
Al orders for Mooel 1650 systems are custom built to w |
neiuae the words specihed by the customer MSC uses [V
3 Specitcanon Sheet orgering system to contro! BINARY 84RO SELEC” wz | s
NIvigual customer requirements and assins a :‘:

specihic part number to each customer Contact the
‘aciony 1or cetails on orgenng informanon

BN EBKE 848 LEE SN
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MSC offers the 1700 Voice Readout Systes (VBRS). This

unit features a similar approach to that of other NSC voice
output products.

The 1700 VRS is designed for use vhere output of
mediua-length spoken messages are required, The one-board
unit contains circuitry necessary to produce 16 words; a
second circuit board may be added to expand the vocabulary
to 32 words. Table 30 lists the 1700 VRS's specifications.
The 1700 VRS has a list price of $650 (with 50 digits).

For situations requiring vocabulary changes, nSC
recommends their 1750 VRS system, which stores individual
words on programmable ROMs. Thus, any vocabulary can be
specified wvithout incurring setup or masking charges. Pause
durations of the 1750 can he varied from O0-150 msec. The
1750 has a list price of $900 (with 10 words). Table 1311
provides a descriptior of the VRS 1750 specifications.

MSC also markets an automatic number announcer and an
audio playback wunit number announcer for use by telephone
companies. For repeated broadcast of fixed messages, MNSC
markets the DCA-1 Dual Channel Annunciator described 1in
Table 32. The unit has two channels for simul taneous output
of a single message stored on programmable RONS. The use of
PRONSs precludes charges for setup or masking. Standard
message lengths are available up to five seconds, and the

menory storage section can be expanded for longer durations.

- 95 -
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MSC 1700 Voice

Timing Diagram
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Readout System

17C0

Voice Readout System (VRS)

* Soka-siate rekabitty

* Wide vanety of apolications

® High-figetity voice readout

* Upto 16 standard words on one circut board
® Expandable 1o 32 w~ords

o Packaged assembly available

The Model 1700 has become a standarg n the
telecommunicanons industry, and 1's indng rew
apphcations every day

The unit 5 ideal for practicatly any stuation wheve 3
medium-length spoken message s required, SuCh as
paging systems, computer and alarm systems. elevalor
floor announcements. credit card venfications.
malfunction alerts and hotet/motet wake-up calls

The one-board unit contans afl the circudry
necessary (0 produce 16 spoken words of exiraordinary
Ydeity, ana a second circuit board may be added to
expand its natuwral sounding vocabulary (o 32 words

Since all words are stored in separate Read Orly
Memornes (ROMSs), they can easty be added up n any
sequence desired. The 16 standard spoken words are:
“zero” through "ning,” “pius,” “minus,” “times,” “divice.”
“equal” and “pont.” Additionai words of your choosing
are subject to a one-time setup charge. The first 10
numenc words accept ether bnary adgdress of 10
mutually exclusive switch ciosures. Additionat words
must uliize binary adoress

MSC's Model 1700 VRS s av liable as a circutt
board only, of as an enclosed ass ambly.

Specifications

Physical Size 8" W x %" H x 5%"D

Output. Audio -6 abm to 0 dbm

Power Supply: =12 VOC and +5 VDC of #6 VDC

Input Power 25 watts (max) for 10 words

Operating Temperature 0°C to 70°C

Qutput Transtormer 600 balanced and 8 ohms 250 mw
Standard intertace: 34 pin 3m nbbon P/N 34 14-0000

Ordering Information
700 £ —03 Puus, Minus, Pont

—TT T

Mocke! L ke T II0SY Of wiags AcCtud words n addMon
Nismoer o T nmces DIOVIR0 DEVONG 10 DESK. '8N NUMANC woros
Lor.un boerd o5t 10 e
Wi ~Orgs

The standara Mode! 1700's shown on the chart below
nclude the 10 numenc words zero to nine. The number
of additional words specihed by the customer beyond
the first 10 numenc words must be added 10 the modet
number as a dash number. Up 1o 22 additional words
may be specified. It your system does not requwe the
liest 10 numenc words, consult factory for speciat moael
number Any agditional requirements not covered by
these models may be ordered by consutting the factory
for oetails.

e e S —
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MSC 1750 Voice Response Sys!em

® Up to 32 custom words without custom charges

Like the Modet 1700, this system features a 16-word
Spoken vocabulary expandabie 1o 32 (usmg two circut
boards).

Ang II's simiar 10 the Model 1700 in more wavs than
one. For exampie, ¢ operates wiiually maintenance-free
bacause it has no tapas of moving parts of gny kind.
Ang its refiable, SONG-siate cicutry provdes excelient,
natural sounding vorce reproduction that can scarcely
be distinguished from the onginal.

The man difference 1S, the Model 1750 stores
individual words on Programmabie Read Onty
Memones (PROMs), nstead of ROMs. That way, you can
specity any vocabuiary you ke without ncumng setup
Of masking charges.

So, for appications frequinng vocabulary changes.
the Mode! 1750 1s a wise choice.

It accepts binary address only, and features a

! - Pause Overnde Control that lets you agjust the guration
i ol B N of the pause from Q to 150 microseconds.
i - ADDRESS Specifications
| ooeess — it ] Physical Szs: 8 W x 1%° H x 547D
(e " r——" Qutput, Audio: —6 abm to 0 dbm
[ A ! » Power Supply: =12 VDC and +5 VDC or #6 VOC
PO s _j . j Input Power 2.5 watts (max) for 10 words
} » Operating Temperature: 0°C lo 70°C
: rrme SRS i e Output Transformer: 600 balanced and 8 ohms 250 mw
; G 00 XD VD 40 S0 600 00 00 000 Standard intertace: 34 pin 3m nbbon P/N 34.14-0000
o Ordering Information
utput Connection

TG o, o 1700 E—03  Plys, Minus, Pornt
ApeSCIONNNG G CowECRenN  _JQwey

N — —TT T 5

? vegto gt 2 | ol

: g:‘;“w : ::: *Aocet Enciosure NUMDEN o words ACIUal wOrdS o @OGHI0N

: .o'g.:m‘“ : :nfr Number N0 £ ndcaes pOVOSd Devond 10 DESK: Ten numer, worgs

v 002 ’ 004 ~ecud boarg trst 10 humenc

PR~ n Do Ea woras

0 1 (74 vee

“ [-"1Y “e 13V oy,

Y R e Model Numbers

s v B o 17006 «6 VIC, 10 Swich Closures

3 fvH H e

e Sonew A wo 1TONE 12 200 45 VOC, 10 Swicn Clomuses

2 e » 0

n ‘O » .2

;{ 30"3..“ t:;t.:.om-u-_"r'- 17028 +6 VOC. Binary nout

B w0
MGTE SWhen ovene 4 Hgn LOpE: 1 17006 ‘:;m +5VOC, Bnary input
Sy & SAEDNG -
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TABLE 3?

MSC DCA-1 Dual Channel

Timing Diagram for DCA-1
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Block Diagram for DCA-1
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Annunciator

DCA-1

Duat Channel Annunciator

® Solird-state reliabiity

* Compietely automatc
* Simuitaneous outpul
® Easy instaliaton

® Low maintenance

For tepeated broaacasting of tixed messages. MSC's
rehable DCA-11s hard to beat

It teatures hle-ike voice reproduction with natural
attenuation and spacing Messages flow smoothly ana
are easily ungerstood

The OCA-1 provides two independent channels for
simuitaneous output of a single message stored on-
board in Programmable Read Onty Memories (PROMs)
The use ot PROMSs preciudes any charge for setup
Of masking

Standard message lengths are avasable up 10 5
seconds. although the memory storage section may be
expanded lo accommodate longer durations

There are ro recoraing tapes to stretch or break.
and no moving pars to wear, Mantenance of this all-
solid-state system s aimost zero

Specifications

Physical Size 105"W x 94"D x 15"H

Output. Augio =6 dBm + 0 4Bm

Power Supply —48v0C (x5vDC reguiated lamp.
212VDC requiatea 100 ma)

input Power 3G watts

:nput Format Switch closures

Operating Temperature 0°C ic 70°C

Ordering Information

Consult tactory

Qutput Connections
ANPHENOL
TrRECTOR
T A4
- 5
*a
Blas "t AULB?
€ LB ae
. BN
Ll ‘8
PR - 9 aDa
-8 4 20 aLA2
‘oA P >
28 o o2
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National Semiconductor markets speech synthesis chips
vhich are for O.E.M. use. This involves incorgorating speech
synthesis chips into existing circuit boards. Rather than
describing National's extensive line of LST chip products
related to voice output, this report focuses upon their
basic synthesizer chips only. National's LST chips are sold
vithout any control software.

National Semiconductor notes that their digitalker
chips will synthesize voices for males, females, or
children. They market two basic synthesis chips.

Pirst, there is National's DT 1050 Digitalker kit,
This chip is intended, generally, for O.E.M. applications
(calculators, etc.). This kit features a chip with 117
words, two tones, and five pause durationmns. This kit sells
for approximately $90. It can be used in conjunction with
various computers, vhere the user can supply appropriate
control software. Tablé 13 gives a block diagraa of the
DT1050 kit.

National also markets the DT 1000 Digitalker. This
unit features a 138-word vocabulary, five sileance darations,
and a 1/2-vatt on-board amplifier.

Note that SCRL did not receive any reply to letters
sent to National Semiconductor inquiring about their speech

products. Descriptions of National's speech synthesizers

came from computer magazines, vhere their chips are cosnmonly
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National Semiconductor DT 1080 Kit

National
Semiconductor

DT1050 DIGITALKER™ Standard Vocabulary Kit

General Description

The DIGITALKER™ is a speech synthesis system con-
sisuing of several N-channel MOS integrated circuits. It
contsing & speech processor chip (SPC) and speech ROM
and when usad with extarnal tilter, ampiifier, and speaker,
oroduces 2 system which generates high quality speech
inciuding the natural inflection and emphasis of the
oniginal speech. Male, ‘emaie, and children’s voices can
be synthes:zed.

The SPC communicates with the speech ROM, which con-
taing the COMDressed speech data as weil as ihe {requen-
cy and amplitude data required for ¥peech outout. Up to
128Kk Dits Of SpeECh Gata can be directly accesssd.

With (he adcition of an externsl resisiof, on<chio de
Dounce 18 provided for use with a switeh interface.

AR interrupt is generatad at the end Of 48ch 3DeECh 3o~
quence 50 that several sequences of words can be
cascaded 10 form difisrant Speech expressions.

The OT1050 18 a s{ancerg DIGITALKER kit encoded with
137 separate and uselu! words, 2 ones, and S different
silence durations. (See the Masier Word List Table . The
words and tones have deen assigned discrete addressss,
making it possible 10 cutput 3ingie words of words con-
catenated into phrases or aven 3enteNces.

The “voics” output of the DT1050 is a highty inteiligible
male voica. The vocabulary is chosen so that it is applics-
ble 10 many products and markets.

Features

B COPS™ gndg MICROBUS™ compatibie

& Designed 10 de essily interfaced 10 other popular
TUCIOPIOCSS08

8 144 addressabie expressions, including numbers

@ Naturat inflection and emphasis of original speech

0 Addresses 128k ot ROM directly

8 TTL compatidie

8 Onchip switch debounce for interfacing to manual
switches indspendent of a MICTODIOCes SOl

# interrupt capability 10 cascading words of phrases

8 Crystai controlied or externally dnven oscitlator

Applications

8 Telecom k | Cor products
& Applisnce & Clocks

8 Aytomotive 8 Language iransletion
B Tesching aids 8 Annuncistors
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marketed by second parties, Their chips allovw the user to
concatenate phonemes. Although National's synthesizer chips
output speech wvhich is immediately distinguishable from live

speech, they do so at a relatively lowvw price,

Percom Dat

Co.

Percon's speech synthesis products are in the category
of what might roughly be characterized as board level
products. Their peripheral devices are designed to plug
into smaller computer systeas.

Percom markets a variety of peripheral devices for
smaller computer systems, such as the TRS-80. One of these
devices is a module designed ¢to let users control LPC
synthesized output from the Texas Instrunmemts' (TI's) Speak
& Spell unit. The unit uses a 9-volt battery or a standard
calculator power pack. The unit requires Level II BASIC, a
4k memory, and an expansion interface or printer cable
adaptor. Following is Table 34 on the Speak-2-Me-2

interface asodule which retails for $69.95.

ielesepsory Speech Systeas

Telesensory's speech synthesis products are in the
category of board level products.
Telesensory markets a numher of synthesizers which use

stored LPC coefficients for actual synthesis. The
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TABLE 34

SPEAK-2-ME-2 —
The Gift of Speech

This clever interface module
makes a Texas Instruments’
Speak & Speli} the voice
of your computer. Install
it, hook up your
computer and add the
dimension of
speech to busi- 3a: =
ness, education and r‘ -
game programs.

Speech is controlled
at the keyboard, or by your own Level Il
BASIC programs which output whole
sentences with a few program lines.

" Thbi SPEAK-2-ME-2 modfuleisnstalll(s in

e battery compartment of a Speak &
Spelit. Some modification of the Speak
& Spelltis necessary. Power is provided
from an ordinary caiculator power pak or
a nine-volt battery.

SPEAK-2-ME -2 includes an intercon-
necting cable for the TRS-80* computer
and a comprehensive users manual. The
users manual includes Level Il BASIC
listings of the primary driver program and
application examples.

System Requirements

Level [l BASIC, 4 Kbytes of memory and
either an Expansion Interface or Printer
Cable Adapter are required. The Speak
& Spell} device and power pak must be
provided by the user.
Advanced Speech Driver & Games
Diskette
This diskette contains eight speech-
enl games and a driver program
which permits your Level I BASIC calling
program to:
1. Speak any word or phrase
from the internal word list of
Speak & Spellt .

Z.EEzakpansofworckand

rases.
3. Speak a word or phrase at
one half normal speed.
Thediskeﬂealsoindudes&xepg‘\rﬁary
driver program listed in the S| -2-
ME-2 Users Manual.
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synthesizers which will be reviewed in this report are the
Spzech 1000 LPC board, ¢the Series IIT Speech Synthesizer
Module, a prototype text-to-speech systea, and the S2rR and
S2C synthetic speech boards.

The Telesensory 1000 LPC board is noted to have
superior voice quality and the capacity for large vocabulary
storage (up to 458K, typically 200-300 seconds). The unit
also features a variety of common interface options,
including the popular RS-232C. The unit features a numbhecr
of variable parameters for synthesizing speech, such as a
variable and programmable audio gain and output, speech
speed control, and interword pause control.

Telesensory Speech Systeas notes that the Speech 1000
board 1is applicable for all 1 nguages. For npnatural
intonation, Telesensory suggests building sentences around
phrases or other sentences. Fcllowving is Table 35 with the
Telesensory's Speech 1000 boarid, including a block diagranm
of the system's confiqguration. The Speech 1000 board has a
retail price of $1,200 for single units. Tt is
Telesensory's top-of-the-line synthesizer.

Telesensory Speech Systevws produces the Series TI7TI
Speech Synthesizer Module. This wunit is lowver-priced than
the Speech 1000 board, costing $295 to $195, depending upon
options selected. The Series IIT Synthesizer can
accommodate Dboth custom and standard vocabularies in

standard ROMs or EPRONs up to a capacity of 256 utterances,
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Telesensory Specch Systems 1000

TABLE 1Y

Roard

System Specifications

Syathesizer

Telesensory's PDSP (Programmable
Dignal Signal Processor) chip set
implementng 2 12 Pole Lattice Filter
Structure

Speech Encoding

Linear Predictive Coding: 2200 bits per
second of speech is siandard. other
encoding rates available

Vocsbulary Capacity

Approximately 200 seconds of speech a1
2200 bps encoding rate, up to 300
seconds at lower rates

Power

+ 5V at 2 amps (max.)

+12V &t | amps (max.)

=12V at 0.1 amps (max.)

Size

Intel's Multibus Board Form Factor
075" x 12.00" x 0.50" (1715¢cm x
30.48cm x 1.27cm)

Weight

16 0z (454 gm)

Opersting Temperature

0°C 1o 35°C

The available time may be used to
store any number of words, phrases or
sentences

Vocabulary Memory

Total of ™ 28-pin sockets

Avaidable for ROM, EPROM or RAM
Towl capacity of 438k bits of standard
semuconductor memory

Interfaces

Mulubus: {/0 Slave

Senal Port: (RS232C) 300-9600 Baud
(Jumper Select)

Parallel Port: (TTL) 8 bits (Data),

3 bits (Control)

Audio

2 Wants into 8 ohms

Low Pass Filter: fc =4.8kHz @-6dB
Rolloff: 42dB/octave

Programmable Ampliude Level: 8 levels.
3dB/level

SPEECH 1000™ SYSTEM BLOCK DIAGRAM

CONTROL +OMMANDG  ONTROL NWTA  (DDRESS

BORD UNVES  UNES  LINES
POINTER

« BITS)

Programmable Speech Speed: 2X normai
1o VaX normal

TELESENSORY
Speech Systems

3408 Hillview Avenue * PO Box 10099
Pilo Alto California 94304
(+415) 856-82%% + Telex: 348382

NPELLN HIOh aag PISS gre rademerts o Trivurmsen \prech Sewrer
Viwhdus ® 4 irademark of Il | sepncsnn

2 Ovigon oF

E TELABANSORY
SYSTEMS,
[ -}

(L RYRYY

T AR oM BT #ra"AlN

104 -




for a total time of approximately 100 scconds of synthesized
speech. The unit is a conmplete voice response systewn,
including an on-board audio amplifier. The unit interfaces
directly with most popular buses, including TTL cospatible
I/0 port, or simple logic controllers. The unit features a
distinctive npmale voice, and has a relatively large
vocabulary capacity. The unit is povwered by a sinqgle #5vV
power supply. Following are Tables 36 and 37 covering the
Series III Speech Synthesizer Module.

Telesensory Speech Systeas notes t hat they are
developing a prototype text-to-speech system, vhich wvill be
a stand-alone unlimited speech peripheral device. The unit
will feature an RS-232C interface. The text-to-speech
systen will include some prosodic features for sentences.
Basically, the unit is described as having two modes: 1)
lexical - for normal stress patterns, and 2) prosodic -
where whole phrases are analyzed, and words are stressed in
relation to surrounding wvords.

Telesensory markets two mini circuit boards for speech
synthesis. The S2B and S$2C boards feature the ainimua
components necessary for speech. The units include one or
tvo 16K ROMs, depending upon vocabulary selection, flus
clock frequency circuitry. Available vocabularies include a
2u-word calculator vocabulary, and tvo 64-word general
purpose vocabularies. The units are based upon the CRC

syonthesizer chip, which costs $65 with vocahularies rumning
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Telegensory

TABLE 36

Specch Systems Sevies L1
Speech Synthesizer Module

SvnﬂleazerModule

p—

The Series OI Speech Modale by Tele-
sensory Speech Systems is 3 complete speech
synchesizer circuit board designed for simple
sViiem iategrasion. The module coasists of
Telesenzory's propriesary speech synthestaer,
ammuwamh
and amplifier, 20d a8 extra WOM socker, all
mounted on s small pristed circuit bosrd.
Interfacing is easy because the 1/0 is TTL

and becanse Sevies (I is powered
by a single +5 volt supply. Botk standard
d camom vocsbulary memories cae be ac-
commodsted with 3 capecrty of up to 256
utiersaces for approximesely 100 seconds of
sywhesaed bumen speech.

Femtares:

© Complete Yoice Respons: Sysem

. Yocabulary Capadiy

© tnckudes 2 119 Word Basic Yocabulary

® \ccommodates Cusiom Yocabulartes in
Standard ROMs or EPROMs

© Includes an On-Board Audio Amplifier

© Powered by Single + 5V Supply

© Dissinctive Male Yoice

© Imerfaces Directly 10 Mot Populsr Micro-
processor Buses, TTL Compasible /O Porss
or Siaaple Logic Comrollers

oi0lbom x i3 am (471 4447

ms«umwmaumu
controlled direcdy from most microcompuser
buses, and TTL compadible /O devices or by
using reisys or swisches. Because all of the
speech dats decoding is dowe on the mod-
ule, the only fancsions required by your hard-
ware we:

1. Providiog the parsilel biusry nuaber
referring to the desired utsersace 10 be
spoken.

L. Providiag a san signal pulse.

3. Monnonng a digital tine which indicmes
when the desired atterance is com-
pleted, if osher unersnces are 1 follow.

Synthesiziog an umerance starts with
placing eight (8) dits (or fewer low order biss
for up 10 3 128-word vocabuisry) that
represent the desired utterance on the Word
Polmer data lines (WPO-WP?Y) The Word
Pouster selects one of up 0 256 userances,
words or phrases, stored in one or Two 64K
bit {or smaller) semiconductor memory
devices. The pointer nusmber is issched w0
the module on the rising edge of the srobe
puise (STH). (mmediately thereafter the
speech ouwput begias.

Eicher of two outpuc signals. BUSY or
TBIRY. caa be monitored 0 determune whes
the synthess of the current umerance is com-
plesed. Both BUSY aad XBUSY are 3-sate ous-
puts that are ensbled by the input BIZEN o
they are enabied. they are active low when the
Mummh

waveform. The differeace betwees

mchmmwhm
pledon of the speech owpnt while XBUSY re-
mans active lor an addiional (00 ms The
addsonal deley provded by XISV anvam-
ically inserts s period of silence between
words when phrases are 10 be cremed.

The Card Enable input (CDE) is pro-
vided 0 easlly interface the Series 1l 10 2
MICroprocessor synem bus. This input can be
ued directy 10 one of the high order addrems
lines or 10 3 decoder, dws wessing the module
13 2 mewory locstion. in this wey, the Word
Poumer can be strobed o the module wih
& sumple write command and the busy st
retneved wmith 2 resd command. Figure 1A
shows how this is ennly accomplished wich 2
8085 mucrocomputer svitem.

Sueacing the speech module caa be
done af sy tme umag e NUTE input. The

input should be held is 18 active low

state for a3 long as the sileat condition 1
required




Telesensory Spceecch Systems Series

TABLE 37

111

Speech Synthesizer

Module - Further Specifications
SpeechSvnthesizerModule Specifications
L
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an additional $30 to $60., PFollowing 1is Table 138 of the
Telesensory mini circuit synthesizer toards.

Telesensory offers a wide variety of LPC synthesizer
board-level products, Telesensory particularly enmphasizes
the wide variety of custom vocabularies that they have
available, including numerous foreign languages.,

Finally, Telesensory notes that they have several nev
products which are either available, or coming out soon,
First, there is a real-tise text-to-speech rule synthesizer.
This unit converts ASCII characters to speech, via a
cascade/parallel synthesizer, and should cost around $3,500.
This unit should be most interesting to evaluate, for it
would appear to be the first commercially-available product
to incorporate a cascade/parallel synthesizer. Second,
Telesensory has just hrought out the speech 1020 unit, vhich
is a speech 1000 unit with a self-contained unit with
internal power supply. The unit is called the RSC1020, anAd
it sells for approximately $2,500, with vocabulary an
additional cost. Telesensory especially enphasizes their
custom vocabulary capabilities and their ability ¢to serve
customers with relatively lov-volume needs.

As mentioned earlier Telesensory Speech Systems has a
telephone line for demonstrating their synthesizers: call
(415) 969-6257. Their telephone demonstration includes

their newv text-to-speech unit.

- 108 -




TABLI 38

Telesensory Mini Circuitr Synthesizer Boards

Speech Synthesizer Module

DESCRIPTION OF OPERATION

Originally developed for use in TSi's talking calculator for the blind, analog voice out
we are now making our unique speech synthesizer circuit boards availa- + ‘ﬁyr—]
ble for small computer and QEM applications. Pre-progranimed vocabu- —
lary data s stored in either one or two 16K MOS ROM.s (depending start signal < ffc i
on the number of words in the vocabulary). When provided with a 6-bit - .18V CRC P Micro-Controller
parallel binary address code and a START signal. the custom LSl ROM ~ ,
controtler (CRC) fetches appropriate control data from the ROM, deter- 2_“_\!_“_‘1_"_“___] sddress a}; ,
mines the speech characteristic of the word, and converts the digitai
information to an anatog audio signal via an on<chip D/A conwerter. The ROM
analog then requires filtering and amplification. The result is a clear, __, |5V ROMPower | = Synthesis
mghly ntelligible male voice. The operation of the board is described ——u Control Dets
in the block diagram. L_JW
A VARIETY OF VOCABULARY CHOICES
Mini Circuit Boards Calcuiator Spesch Synthesis Module :
Mini Circuit Boards are small PC boards measuring Feotures and Specifications ;
less than 3.10" square which provide the minimum ;
necessary components for speech synthesis: the CRC ® Caiculetor Vocabulsry
micro-controtler, ane or two 16K ROM'’s {(depanding oh tour eght percent  em (m} ming
on the vocabulary selected), and clock frequency cir- e "':': . ":: m :‘:
cuitry Vocabularies availadle nclude the 24-werd cal- three seven squals root overtiow wep
culator vocabularies described under Calculator Speech
Synthesis Module as weil as two 64-word general-
purpose vocabularies. Custom Vocsbularies
A custom vocabulary can be programmed to fit your particular
applications.
Limited Warranty
The Speech Synthesis Moduie is warranted against defects in
material and/or workmanship for a period of 90 days from the

date of delivery. Upon specific written request. a copy of the
complete product warranty may be obtained free of charge
trom Telesensory Systems, Inc., at the address stated below

'('l'|'i‘]‘“['I‘('l'|'I‘I‘I'['l‘l‘l'}*l‘l'l']*l'['l'[’!'{'l'l'.”l'l'
L ] ~ ~ L
P 512154 TELESENSORY -
® in addition to power, an audio filter circuit (described in the
Engineesring Note which accompanies the board} an audio %tctns
amplhitier, and a speaker must be provided by the user. A v —
3408 Hiliview Avenue * PO. Box 10099

® Interfsce: Doublesided adge connector, ten pins each side, Palo Alto, California 94304
(419) 493-2626 - Telex: 348332

® Can be made TTL compatible.
Q5 & @vimen of

S2A  24-word Calcutstor This model elso avelistie in
Vocabulary French (S2F) end German (S20} [B wee. $278010
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Texas Instrusents
Texas Instruments {TI) markets speech synthesis

products which are in the board-level cateqory. The coapany
makes a variety of LPC synthesizers.

Since the synthesizers rely upon an analysis synthesis
approach, actual speech signals are analyzed and only the
main spectral characteristics are reproduced. TI notes that
there are two main types of amalysis synthesis synthesizers:
1)foraant and 2)LPC. The first synthesizers produced vere
the basic formant synthesizers, folloved by the currently
popular LPC synthesizers. For bhoth types of synthesizers,
the use of downsanpling reduces the Sit rate from the
original speech, on the order of 100 to 1. This is essential
vhere memory space is limited. However, very low data rates
can lead to relatively low quality voice output, so it is
important to reproduce t he essential acoustic
characteristics of human speech. One advantage of LPC
synthesizers is that they reduce coarticulation problens
associated with rule synthesizers, since they model output
based upon real human speech.

Texas Instruments has just introduced three new voice
synthesis processors: the TH535100, the TMSS200, and the
TMS5220 chips. Quantity discounts are available for these
chips, which othervise range froam approximately $30 to $45.

TI has several voice synthesis memories available for

use with their voice synthesis processors. These are the




;T556100 and THSL125 chips. Thess LSI chips are also
relatively inexpensive, vith quantity discounts available
for the O0.E.M. aarket.

TI markets several evaluation kits for their voire
output products, Pirst, they have their sSPsSB1031-011
evaluation board. This is a small board intended for 0.E.HN.
users. The wunit, vhich contains no aicroprocessor, is
capable of synthesizing eight phrases. It wuses a 9-volt
power supply, and sells for approximately $99. Second,
costing an approximate $1,000, is TI's RS232 speech
evaluation board. This board is designed to plug into R§232
interfaces and comes with a 25~vord vocabulary (expandable
to approximately 1700 words with additional ROAs). This
board is available only froama TI's Regional Technology
Centers. Pinally, T! warkets the S200 series evaluation
board for $499. The unit has less emeamory than the RS2)2
board, but still has variable imtonation.

Texas Instruments also wmarkets amicrocomputer board
products. These include the TM990/306 speech module, with a
standard 200-vord industrial vocabulary (up to 800 words
vhen mask-programmsed RONs are used for storage). The unit
sells for $1,200. It is also available without the standard
vocabulary for applications using custoser-specified words
(as the TH990/306-2). TI notes that this unit will bhe
replaced soom, and that they currently have nev voice

synthesis products coming out at a rapid rate. A nusber ot




these new products will offer additional capabilities, such
as allophone dictjionaries, variable intonation, sound
effects, etc. A further trend in this area will bhe an
increase in performance to price ratio.

Texas Instruments also specializes in custom speech
boards, for very specific customer needs., TI stresses its
ability to gquickly produce custom speech boards (often as i
rapidly as 9 months). TT markets custonm speech boards even
for low-volume applicatioas.

TI also notes that they offer courses in speech

synthesis. One popular approach has been for customers to

parchase an evaluation board, attend TI's course in speech

synthesis ($150), and leave this course with a working
knowledye of how to get their evaluvation board kit operable.

A recent addition to the TT product line has been the
talking Loran C Navigator. Loran C is, of course, the 1U.,S,
Coast Guard's main navigational Systesn thyperbolic

navigation), The TI9900 and the TT9900N with speech option

announce Loran C navigation information in ships and boats.
Tp to four itess may be selected for announcement from the
following list:

1) tinme

2) position

3) speed over the bottoa

4) range to waypoint

5) time to go

6) cross-track-error
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7) course made good

8) Dbearing to waypoint

The

unit may he set to announce its four umessages at
intervals ranging from 6 seconds to 1 hour. It announces
power-up status, system warnings, and entry corrections.
The unit sells for $695 plus installation. This price is
very conpetetive even though the synthesis system is very

"special purpose" oriented.

Yotrax

Votrax voice synthesis products may be divided into
board level and chip level products,

Votrax currently markets at least four products based
upon their SC-01CMOS Phoneme Speech Synthesizer. This is
essentially a rule synthesizer, vhich can phonetically
synthesize continnous speech, of unlimited vocabulary, fron
low data rate inputs. This latter point is the main
advantage of rule synthesizers, in that such synthesizers
typically reguire large storage areas, which tends to limit
the potential size of the output vocabulary. The SC-01 unit
consists of a single chip containing 64 different phonenmes
vhich are accessed by a 6-bit code. The proper sequential
combination of these phonene codes creates continuous
s peech. Note that the SC-N1 is a very cost-effective unit,

priced at $55 (quantities of five or more). Table 38 gives

the characteristics of the SC-01 chip.
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TABLE 39 ,

Votrax SC-01 Synthesizer Chap

Z@/ wy SC-01 sPEECH SYNTHESIZER

A Division of Federal Screw Works
500 Stephenson Highway DATA SHEET
Troy. Michigan <8084

Votrax” CMOS Phoneme Speech Synthesizer

GENERAL DESCRIPTION

Tne SC 01 Soeech Synthes:zer '3 2 completely selfcontained
sohd state device Thi single chip phonetically synthesizes
canvauous speech of unimited vocabulary, from low data
-ate nputs Figure |

Speech 5 synthesized by combiming phonemes the building
biocks of speech) n the aporopriate sequence The SC-0Y
Soeech Synthesizer contains 64 d:Herent phonemes which are
wccessed by 3+ 6bit code. v 3 the proper sequentisl
~ombination of thesa ohoneme codes that creates continuous
soeech

The SC OV Sosech Svnthesizer 15 cost-etfective, consumes
~.ma power and enables n-houss product development
without wendor dependency Signals from the SC.01 are
ap0hed 0 an sudio output device to amphify and distnbute

the syntheuzed soeech. See Figu-e 2. Figurs T Varrax® SC-01 Speech Synthesizer
FEATUPRES ‘a‘ ?
Za
* Single CMOS chip ™ cmc s
* 70 D1ty per second ;—' oy o-n “{ ...... —¢c
¢ 22 o peckagm -
* 9 Mg cuirent gram -
* Wide voltage tupoly rangs L) 2078 na
® Latched SV compatible inputs
® Digrtai piich level inputs 1 scan
oA
utomatic intection ;:—.____.) ave
® On-chip master clock circuit
® Qptionsl externsl master clock d
* Variety of vouce sHects Asmsntatys/ »0 | frend
* Sound sHtects o €————am P
® Customer product seCurty - '
L/
A —
=

Figure 2 SC-01 Fiow Disgeam




Votrax also markets the Speech PAC (Phoneme Access
Controller) which includes the SC-01 chip. This unit
includes provision for additional vocabulary by alloving for
storage of additional phoneme codes. Votrax potes that this
nnit is especially suitable for inclusion with a variety of
equipment, controllers, games, etc, The unit contains an
EPROM circuit wvhich may be jumpered to accept a 32K EPROM
for stored vocabulary expansion. Phonemes and prestored
vords can be mixed as desired, Pollowing are Tables 40 and
41 documenting features of the Speech PAC unit, which sells
for $275, and detailing a flow diagran.

The +top-end synthesizer in the Votrax line is the
Versatile Speech Module (VSM/1). The unit incorporates
additional features over those in the Votrax Speech PAC and
sells for $995,

This unit also utilizes the SC-01 synthesizer chip. It
has a large lexicon of commonly-used words (industrial
engineering based) stored in EPROM. Tt includes.a built-in
prefix/suffix table for prestored vordse. Additional
vocabulary can be created and permanently stored on EPROMNS
(8K to 16K)e. Other notable features of the unit include a
1,300+ word prestored vocabulary, sound effects, wvariable
stress (4 fixed levels, 4 transitional inflection lavels), 8
speech rates, and 8 pause durations. Pollowing are Tables u2
and 43 with a listing of the VSM/1 synthesizer's features,

applications, and specifications.




TABLE 40

Vo*rax Speccch Par

SPEECH PAC ™™
(Phoneme Access Controller)

Yolvax
BERODUGIROATR

FEATURES
* | ow cost compiete system

¢ Phonemse accessing capability for unlimited
system vocabulary

Additionesl vocabulary specific
10 user needs can be created -
and permanentiy stored :

Ultra low bit rate of SC-01

maximizes ROM word storage

capability

* True synthetic speech technology
eliminates the constraints of a small, fixed
vocabulary speech module

¢ Paraliel interface for computer, controller or

preselected diode matrix to sccess prestored

words or create phonetic speech

* On board audio amplifier with volume control

APPLICATIONS

¢ Low budget systems for personal, experimental
or fow volume GEM product design

* Fixed vocabulary for systems requiring limited
vocabulary

e Add on speech output for existing controllers,
educational programs. talking games, etc.

* Annunciators for alarm systems, elevators,
stations, atc.

Vocabulary - Edge Card
< Paratiel
EPROM B ~ —— Inorinee

- Amplifier

Figure 1. Votrax Spesech PAC'"
{Phoneme Access Controlier)

DESCRIPTION

The Votrax Spaech PAC' " introduces a new leve!
of speech synthesis performance and flexibility at
low cost. Based on the truly synthetic speech
technoiogy of the SC-01, the Speech PAC '*
provides the system designer with a small, self-
contained circuit board which is easily adapted for
use with a variety of equipment, controllers,
gamaes, etc.

The Speech PAC' * is customer programmable end
expandable. The user can easily reconfigure the
Speech PAC '™ vocabulary, as desired. The
EPROM socket may be jumpered to accept a 32K
EPROM for stored vocabulary expangion. Pho-
nemes and prastored words can be mixed, as
desired, to produce an output with unlimited
vocabulary.




TABILE 41

Vol rax Spcech PAC - Further Specifica'ions

SPEECH PAC™" — PHONEME ACCESS CONTROLLER

OPERATING CAPABILITY r_ﬂ
Prestored words are access- A
ed in 8 byte increments.
The low baud rate of the

SC-01 Speech Synthesizer
allows a single 2716

EPROM to store up to 255 § L . ‘ i
words, and a single 2532 ! i , ‘. 4 b I
EPROM 1o store up to 511 | | cpncne i - o T oo §
1040 ) vOCASULARY ! - .
worgs. Long phoneme \ iTonaae ! i e |

sequences (more than 8

: —-i“‘—J — e ey ‘
phonemes) may cross entry . ; —_l an o
boundaries. The Speech | e

€0GE CARD CusmbC 108
Y

. PAC'™ signals the extarnal : ﬂ
controtier at the end of each ,

phoneme sequence.

L
Figure 2. Prestored Word Mode
g SPECIFICATIONS
—_
s uares ! ¢ SC-01 Phoneme Synthesizer
3 _ e —— ° Up to 255 word storage in a single 2716
— .o > S| EPROM
3 — o © & Expandable with the use of a 32K EPROM
— . - ? ‘ s i * Mixed prestored word/phrase and phoneme
L= . ! ; ! sequencing
5 e d e | 50° On board audio amplifier
) Y j - ::- r————at UD0 /—T.,T‘—'{ H J * Parallel interface
' e ey A8 ‘ ! .
Le n - o External master clock option
3 — I ¢ Handshaking with external controller
3 —_ ] * Unlimited vocabufary
' (. * User custom programmable
R * Adaptable for use with limit switches and
: , e minimal intetligent controllers

Figure 3. Phoneme Mode
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TABLE 47

Volrax VSM/1 synt hosaieon

VERSATILE SPEECH MODULE "

(VSM/1)

Yolrax:
ERODUCTRDATA

FEATURES

« True synthetic speach technology and a built in
microcomputer el-minate the constraints of a
smalf fixed vocabulary speech module

Ultra low bit rate of the SC-01 maximizes ROM
word storage capabilities

Large lexicon of commonly used words with
industrial engineering base stored in EPROM

Built in prefix/suffix table for prestored words

Additional vocabulary can be created and
permanently stored

¢ Phoneme accessing capebility for unlimited
vocabulary

* Speech rate and pitch dynamic programming for
stress patterns and simulation 0" muiti-voice
environments

s Sound effects, from gunfire to musical
sequences can be easily created trom prestored
sound macros. Additional sound macros can be
user defined and EPROM stored for even
greater flexibility.

Expandable via interface ports

Parallel and RS232 compatible serial interfacing
with selectable baud rates and terminal modes

*

Forsground and background simultaneous
operation for speech and voxOS (voice operating
system)

® Built in microcomputer can also simultaneously
perform monitoring activities and execute
speech commands

Figure 1. Votrax VSM/1'"*
{Versatile Speech Moduie)

APPLICATIONS

¢ The VSM/1'" can be used as a microcomputer
to simulate or develop talking products, such as
a talking calculator or talking games. |t can aiso
be used for uniimited real time speech synthesis
while simuitaneously exsecuting commands and
performing monitoring activities.

* The VSM/1'™ can plug directly into the card
cage of an industrial control computer to provide
prompting for operating personnel {instructions
for a real time situation). Typical applications
are chemical processing plants, nuciear power
stations, aircraft systems, seismic monitoring
stations and automated warehousing.

(3 hd

J e
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TABLE

Votrax VSM/1 Synthesizeor

43

Further sSpecrfroatirons

VERSATILE SPEECH MODULE ""— VSM/1

SPECIFICATIONS
General

1,300 + prestored vocabulary

Prafix’suffix modifiers

Phoneme mode

Sound effects

Speech strass

Usable as a general purpose controller/
simulator

Hardware

e SC-01 phoneme synthesizer

e Powerful 6800 MPU (microprocessor unit)
based design

¢ Parailel and serial (RS2:12) interface (selectabie

baud rate of 75 - 3600 bits per second)

1K byte RAM (sockets for additional 2K bytes)

2K byte voxQS operating system

8K byte prestored vocabulary ROM

Expansion sockets for an additional 8K bytes

(2716) t0 16K bytes {2532) of jumper selectable

EPROM's

s On board audio amplifier, 8 ohm, 1 watt, with
volume control

* Half memory plane expansion connector (32K
locations out of 64K. Customer access to 32K
locations via the microcomputer data address
bus.!

e Form compatible with a popular microcomputer

board

Variabie speech rate clock

e Variable master clock frequency circuitry for
pitch control

voxOS

Full feature byte oriented editor (insert, delete
change and move data pointer)

e Computer and terminsl prompting maodes
» Phonemes, sound effects, controls and

prestored speech may be intermixed in any
audio sequence memory

4 audio sequence memories + 1 sound effects
control memory {18 blocks of 8 parameters each)
Memory dump

Execute 6800 operating code seguence (for
downloading or overriding operating system)

12 prestored sound macros (to provide basic
waveshapes for user selection of features)

4 uyser definable sound macros (to reside in user
supplied ROM firmware)

48 programmable MCRC (master clock resistor
capacitor) settings for continuous dynamic
manipulation of audio parameters (instant-
aneous course controls)

4 MCRC transitioned trim controls (slowly step
toward target)

voxOS bypass (to jump into user supplied
firmware}

Audio Sequence Commands

Prestored speech callout (16K byte direct access
range)

Two phoneme execution modes (fixed inflection
and transitioned inflection)

4 fixed inflection levels (instant)

4 transitioned inflection levels (step}

16 sound effect (commands) control blocks
(load control memory and pick 1 of the 16)
8 speech rates (will not affect sound effects)
8 pause durations

8 prompting sounds (canned sound effects)
Prastored prefix/suffix word modifiers




The final Votrax product that SCRL reviewed is the
Type~*N-Talk text-to-speech synthesizer. The unit costs
$1375. To use this system, words are typed into a host
terminal and translated into synthesized speech by the
systea's microprocessor-based text-to-speech algorithm. The
unit incorporates the 5C-01 chip. It includes a ‘t-watt
amplifier, RS 232C interface, data echo of ASCII characters,
and phoneme azcess modes. Taktle 44 provides a basic
description of the Type-*N-Talk unit.

Note that Votrax has Just announced a second
te xt-to-speech synthesizer, with reportedly better voice
guality than their Type-*N-Talk unit. This is the SvA
te xt-to-speech unit, which sells for approximately 51,650,
The unit 1is available with a 16K buffer (approximately 15
characters per second), vhich will hold up to 800

characters. This Votrax unit is also a rule synthesizer.

5.2 KLATT SYNTHESTYZER PROGRAM

This subsection deals with the Klatt synthesizer
program. This is not yet a marketed synthsizer as were the
ones discussed in the proceeding section. The Narch, 1980,

Jourpal of the Acoustical Socjety of America contained an

article on Dr. Klatt's parametric (rule) synthesizer. This 1

synthesizer is the wmost advanced rule synthesizer to date,

and out put from Klatt's synthesi zer is virtually
indistinguishable from 1live speech, given the appropriate

patameter input.
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Votrax Tvpe-'

N-Talk

TARLE 44

Tex*

'l'houdllng texi-to-speech

that has

o Uniimited vecabulary
o Dulit-in textte-spoech

algerithm
“T0m Nﬂm‘
pesch
fype-'N-Talk,” an unportant techaclogical
advance from Voires yous coms-
Mhul.hlomn-plyndchulv—
with an unlimited vocabulary. You can
umthmyhumuol‘l\m"u N
bt

every computer

op (ol pesch) through yous
audio loyd r. For example: mmply
type the 11 characters representng

"h-e-l-le” to qgeaerate the spoken
word “hello. "

TYPE-N-TALK has &
OWR memery.

Type-N-Talk "has its own built-\n Rucro-
procasms end a 790 charscter buler to hald
th.-mdlymv-mnd Even the

to Spoecch

Synt hesizen

talking.

Loek what you get fer $375.00.

TYPE-'N-TALK ‘comes withs

¢ Text-to-speech algonthm

o A one-watt sudio ampltier

o SC-01 speech syathemzer chip (data
rate: 70 to 100 bits per second)

» 750 chasacter butier

¢ Data switching capabulity

. Sdﬂsubh data modes for versatle

and spesk
anecualy. Type-N-Talk “dosmu’t have

the dew text-to-speech sy
just $379.00.

You oparate Type-'N- T‘& ty nmply typ-
g Englsh text and s talk command.
-o:dl are auto

h by the
SYSIOm s MICTOPTOCEEOL - based test-to-
spesch aigonthm.
The endlses ases of
spooch syuthasis.
Type-'N.Talk™adds a whole aew world of
spealang roles to your computer. You can
program verbal remunders to prompt you
through a complez routine and make your
computer announce eveats. (o teachung,
the computer with Type- N-Talk “can
oll studeats when they're rght
2t WTOng — even Prewss & COrrect answer.
And of course, Type-N-Talk "is great fus
for computer games. Your games come to
lufe with spoken threats of danger, re-
minders, and prase. Now all

1y
Yam ype A

0 use your host computer’s memory, or te it
tomt k

up with ime
capability

Daia switching

allows for ONLINE usage.
Place Type-'N-Talk™ between a computer
or modew and a terminal. Type-N-Talk ”
cuoukaudounmtommmmd
while online with &

* Baud rate (73-9600)

o Data echo of ASCU characters

¢ Phoneme access modes

* RS 232C nteriace

¢ Complete programming and installatios
structions

TboVotnxTypo'NTdk umd!h.
sanest-to on
zhnwkd It uses the culunwnlol
uouonuul it qives you the most lembie

randomly sccessed from & data base can
be vorbulud Unng the Type- N-Talk™
data switchung cupcinhty the umit can be
“de-sslected” while data 15 sent 1o the ter-
munal and vice-versa — permuthng spesch
and visual data 1o be independeatly sent
on a nagie data channel.

Selectable fentures male
inteviacing versaiile.

Type-'N-Talk™ cmbouﬁhedmnnnl

~a0 fpeak. Mnhymmdun&ﬂ

Textio-spoach is sany.
liah text ur automancally transiated
slectronically synthesized speech

«its Type- N-Talk.” ASCT code from
out computer's keyboard u fed to

Type- N-Talk * mmqhnlsmCmtn

face to

ways ullnv P

C ly to s puler's senal
mmﬁn Th-n s termunal, line printer, or
additiosal Type-'N-Talk~units can be
connected to the Hrst Type-'N-Talk,”
eluminating the need for additional
RS-232C ports on your computer.

Using unit assqnment ocodes, muitiple
Type-'N-Talk “umis can be du-y-c

Unat uddxn-mq md-pnd-l

lulm.rhqunhlwudhm&nmbd

codes allow
| of Type-'N-Talk™units and
your printer.

lable anywhere.

Ovder mow. Toll free.
'---------

] Call the toll-free number below 1o
order or request additional wior-
maton. MasterCard or Visa
accepted. Charge to your credit
card or send a check for $375.00
plus $4.00 delivery. Add 4% sales
tax in Michigan.

1-800-521-1350.
lo/‘m:r
e e

Type- N-Tallr™ ¢ covered by & auted wartenty
Weme Uptras toy o Iree copy

LN N
0 0 00 1 s I O 0B
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Klatt's synthesizer provides ainute control over the
main parameters underlying human speech. Consequently,
anything can potentially be syathesized, given the correct
parameter input. This type of synthesizer will certainly
see wide commercial application in the future. Figure 4
gives a flow diagrams of the Klatt synthesizer.

The synthesizer is a cascade/parallel formant
synthesizer as shown in the top schematic of Figqure 5. The
two main coaponents of the synthesizer are the cascade
portion and the parallel portion; this amounts ¢to a
combination of the tvo commaon types of experimental
synthesizers widely seen in the literature.

Parallel synthesizers which are essentially formant
resonators that simulate the transfer function of the vocal
tract, connected in parallel, are of the type shown in the
bottom schematic of Figure 5. Each formant resonator is
preceded by an aonplitude control that determines the
relative amplitude of a formant in the output spectruas for
both voiced and voiceless speech sounds. The cascade
configuration is noted ty Dr. Klatt to have the advantage of
having the relative anplitudes of formants autosatically
conputed without the need for individual amplitude controls
for each formant. The dJdisadvantage of cascade synthesizers
is that one still needs a parallel formant confiquration for
the generation of fricatives and plosives, This is due to

the fact that the vocal tract transfer function cannot be
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GENERAL-PURPOSE DIGITAL COMPUTER

|
i
| CONTROL SYNTHESIZER D/A I
i "] PROGRAM SUBROUT INE |
I | HANDSY.FOR KLATT.FOR CONVERTER
! |
' | :
| CORE ARRAY CORE ARRAY
OR OR |
' DISK FILE DISK FILE ]
| [
| Control Parameters Waveform Samples |
| Updated every 5 ms 10,000/second |
) 12 bits/sample |
o |
USER 4.9 KHz
TELETYPE LOW-PASS
COMMANDS FILTER

Figure 4: Flovw diagram of Klatt®s synthesizer.




. VOTAL. TRAGT YRAMSFEA FUNCTion
. ] FOR LARYNCEAL JOWRCE S
(FORMANT RESDMATONS W CASUADE ) .
v m totrer

1reECH
VOCAL TRACT TRAIGT ER_ FUNCTION J
PRCATION SOUER FOR FAICATION SOURCES
AZSDNATORS W

VAL TRALT TRAMSFTR FUMNLTION i ) l
‘)-—‘J FOR AL SouRces | CUARACTEMS ML WTPUT
SPEECH

(B2 SPECIAL- PURPOSE ALL -PARALLEL FORMANT CONFIGURATION

The syntheeaieer ie warmally veed in o cascade pa-sliel config irati. n ahown ot the o, tut moy be wad = aa sl parsiicd
vetaio. shows 6! the oultom ({ one v ehes W exer: €2 inegendent cootrol aver formsar empiitudes for vowels.

Figure 5: Configurations for cascade/parallel formant
synthesizers and for special-purpose all-parallel
formant synthesizers.
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nodeled adequately by five cascade resonators vwhen the

source sound

is above the larynx. So, overall «cascade

synthesizers tend to be relatively more complex. A second

advantage of the cascade configuration is that it is a wmore

accurate model of the wocal tract transfer function during

the production

of non-nasal voiced sounds. Also, it |is

difficult to match the transfer function of certain vowels

using a parallel formaant synthesizer.

Klatt's synthesizer uses two voicing sources, one for

periodic sounds and one for nonperiodic or turbulent sounds

(such as for

sampling rate

energy above 5000 Hz. and low-pass filtered speech sounds
perfectly natural.

Klatt's synthesizer has a set of 39 control parameters
which are used
parameters may be used for English utterances. The Klatt
synthesizer basically uses the parameters for input,
functioning as a digital resonator. Tables 45 and 46 list
variable parameters and sample parameters.

Spectrograms are used by Klatt as a model to determine

the general acoustic characteristics of the utterance to be

synthesized.

synthesized speech, shov just hov well the Klatt synthesizer

models human speech. Figure 6 displays a comparison betveen

a natural utterance and a synthesized utterance.

fricatives). The Klatt synthesizer has a

of 10000 bps, as speech does not have much

for synthesis; as many as 20 of these

Spectrograas of matural speech, compared wvith




TABLE 45

Klatt Synthesizer variable Parameters

TABLE List of control parameters for the software formant synthesizer.

The second column Indicates whether the parameter is normally constant (C)
or varlable (V) during the syntheasis of English sentences.

Also listed are

the permitted range of values for each parameter, and a typlcal constant

value.

I R R RN R RS R R AN BN R IR S R I I R T A R A I R R E N NN AR S SRS ER SR ERBEREN

Min

N v/C Sym

1 v Av
2 v AF
3 v AM
4 v Avs
5 v Fo
6 v Fl
7 v F2
8 v F3
9 v Fa
10 v FNZ
11 c AN
12 c Al
13 v A2
i4 12 A3
15 v A4
16 v A5
17 14 A6
18 v A8
19 v 8}
20 v 82
21 v 83
22 c s
23 c FGP
24 c acGP
25 c FGZ
26 C 86z
27 c 84
28 v F5
29 C 85
30 C Fé&
31 c as
32 C F NP
33 c ane
34 [ 8NZ
35 C 8GS
J6 c SR
37 [ NWS
38 c Ga
c

NFC

Name

Amplitude of voicing (d8]
Amplitude of frication (d8/
Ampl{itude of aspiration (d8)

Amplitude of sinusgldal votcing (d8) 0

Fundamental freq. of voicing (Hz)

0

First formant frequency (Hz) 150
Sacond formant frequency (Hz) 500
Thirg formant frequency (Hz) 1300
Fourth formant frequency (Hz) 2500
Nasal zero frequency (Hz) 200
Nasal formant amplitude (d8) 0
First formant amplitude (gB) 0
Sacond formant amplitude (d8) 0
Thirg forment amplitude (d8) [
Fourth fromant amplitude (d8) 0
Fifth formant amplitude (d8) 1]
Sixth formant ampl{tude (48} a
8ypass path amplitude (d8) 0
First formant bandwidth (Hz] 40
Sacond forment bandwidth (HZ) 40
Thirg formant bdandwidth (Nz) 40
Cascade/parallel switch 0(CASC)
Clottal resonator ! frequency (Hz) 0
Glottal resonator 1 bandwidth 100
GClottal zero frequency (Mz) 0
Glottal zero bandwidth (HZ) 100
Fourth formant bandwidth (Hz) 100
Fifth formant frequency (Mz) 3500
Fifth forment bandwidth (Hz) 150
Sixth formant frequency (Hz) 4000
Sixth formant bandwidth (Hz) 200
Nasal pale frequency (Hz) 200
Nasal pole bandwidth (Hz] 50
Nasal zero bsndwidth (Hz) 50
Glottal resonator 2 Bandwidth 100
Sampling rate 5000
No. of waveform samples per chunk 1
Qverall gatin control (d8) 0

Number of cascaded formants

4

Max

80
500
500
500

1{PARA)
600
2000
5000
9000
500
4500
700
4999
2000
500
500
500
1000
20000
200
800

§
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TABLE 46

Klatt Synthesizer Sample Parameters

KLATT CASCADE/PARALLEL FORMAT SYNTHESIZER

THE FOLLING TABLE REPRESENTS THE CONFIGURATION FOR THE CURRENT PARAMETER FILE.

NUM PARM v /C
1 Av 1
2 AF 1
J AH 1
4 AvS 1
5 Fo 1
6 Fl 1
7 F2 1
8 F3 1
9 Fa 1

10 FNZ I

1l AN 1

12 Al 1

13 a4z 1
NUM AV  AF

0 20 1]

5 27 0
10 33 0
15 4l 0
20 50 0
25 51 0
30 52 0
35 54 0
40 55 0
45 56 Q
50 58 0
55 59 0
60 sl a
65 §2 0
70 §3 0
75 65 0
80 50 ]
85 50 0
90 47 0
95 35 g

A3
60
60
60
60
60
&0
60
60

AN

VALUE

0

CQODUOO0QOO0VOOOOUOOODQO

A4

CO0QOODOODOVOLOOLLOOOOO

Fo

120

b e b e e e B B e B e B B B D
©r »
ERISUBRYSBEEREY

AS

NUM PARM

14
15
16
17

Fl

A3
A4
A5
A6
A8
8l
82
83
Sw
FGP
8GP
FGZ
86z

F2

- > Y = n -

60
60
60
60
§0

QOO0 OOOOOOOOOCOOOOOO

OCOOOOLADOOOOLOOCO00O0ODOQ

v/C

1
1
1
1
1l
1
1
1
g
0
0
4]
)

1

1

VALUE

§0
§0
0
0
g
50
70
10
Q
0
50

1500
6000

F3  Fa

2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450
2450

3300
3300
3300
3300
3300
3300
3300
3300
J300
3300
3300
3300
3300
3300
3300
3300
3300
3300
3300
J3o00

NUM PARM v/C

- - > - - - - - - - - - - - --- - ——— - - -

27
28
29

FNZ

250-
250
250
250
250
250
250
250
250
250
250
250
250
250
250
250
250
250

84
F5
85
F§
86
FNP
8NP
BNZ
FRA
SR
NWS
Go
NF

AN

QOO0 O0O0OQOUQCOLOOODODQOOOON

OCO00O0QOOOOOOO

VALUE

3400
3700
500
4300
800
250
100
100
99
10000
50
66

5

Al A2
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Time
Broadband spectrograms are compared of a natural

and synthetic word, “string,” spoken by a female talker.

Pigure 6: Natural utterance compared to Klatt's
synthesized utterance.
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Klatt states the usefulness of the linear prediction
spectrun. To obtain this spectrun, a linear prediction
analysis precedes a discrete FPourier transforn, T he
autocorrelation alogrithm (Makhoul, 1975) using 14 poles, is
appliad.

Tt is expected that Klatt's current rule synthesizer
will be fully incorporated into future commercial products,
with appropriate control softvare. A synthesizer
incorporating Klatt's latest synthesis would probably
include storage capabilities for control parameters.
Pinally, it is expected that once Klatt's current synthesis
program is incorporated into a commercial synthesizer, it
should provide very serious competition for currently
available synthesizers, because the output 1is often not

easily distinyuishable from live speech.
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CHAPTER 6.

CONCLUSIONS FOR USE OF SPEECH RECOGNITION

AND SPEECH SYNTHESIS TECHNTQUFS

This chapter examines and compares Jifferent speech
recognition and speech synthesis technologies as they relate
to Coast Guard operational and techrical requirewments. It
also discusses probleas involved in developmental efforts
for speech recognition and synthesis. Finally, it proposes a
future plan for using speech synthesis for broadcasting

Coast Guard weather reports,

6.1 SPEECH BECOGNITION TECHNOLOGY

Coast Guard operational and technical requirements lead
us to the conclusion that the Coast Guard requires a totally
speaker-independent speech recognition system capable of
spotting keywvords in connected speech. In particular, the
Coast Guard has considered speech recognition as a potential
means to back up watch standers in guarding distress
frequencies, Application areas mentioned by the Coast Guard
included: Communications Stations, Radio Stations, Group
Stations, Search and Rescue Stations, and Coast Guard
Cutters. Coverage is for 2182 kHz MF radiotelephone, and

1956.8 mHz radiotelephone (Channel 16). We pointed out that
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our analysis of selected Coast Guard radio transmissions
showed that the Coast Guard needs a recognition systen
capahle of handling ¢transmissions wvith a relatively low
signal-to-noise ratio (mean S/N ratio was 234dB, with a
standard deviation of S5 dB.), and with cutoff frequencies
ranging from approximately 300-4000 Hz. Addit ional
technical requirements make its speech recognition
requirements even nmore stringent. For example, ve noted
that Coast Guard requirements regarding keyword spotting
indicate that a recognizer should be able to handle
connected speech input with widely differing emotional
states, diverse accents, and substantial nonperiodic
background noise input.

As noted previously, SCRL was able to compile detailed
information regarding speech recognition products from nine
major manufacturers:

1) Centigram

2) Heuristics

3) Interstate Electronics
4) Nippon Electric Company
5) Scott Instruments

6) Threshold Technology

7) Verbex

8) Voicetek

9) Votan

-1 -
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As mentioned earlier, there are no currently available
recognizers which can handle connected speech in a
coapletely speaker-independent manner. We did point out
that three manufacturers market recognizers capable of
handling connected speech. Hovever, of these three
manufacturers only one markets a speaker-independent
recognizer (capable of recognizing digits plus 50 optional
vords) . Yet this particular recognizer will not handle
connected speech input. Fron our discussions vith
manufacturers and review of ongoing work related to speech
recognition technology, ve note that there is a large effort
being devoted to the task of developing speaker-independent
recognition systems capable of handling connected speech
input.

In 1line with a general price reduction in speech
recognition systems Aue to improved technology and
manufacturing techniques, we believe that the price of
future speaker-independent recognizers capable of handling
continuous speech input will be 1lower than might first be
imagined, probably on the order of $20K, depending upcn the
size of the recognition vocabulary. It can also be pointed
out that first-generation speaker-independent, continuous
speech input voice recognizers will handle the digits
primarily, plus several control words. This confiquration
appears to have wide pmarketing possibilities related to

business usage over the telephone.
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It is interesting that three recognizers wvhich would be
closest to nmeeting Coast Guard requirements involve a
generally similar approach to voice recognition, Fach unit
digitally encodes voice input saaples for comparison with
stored *“templates"; the approach is to correlate stored
filter coefficients or other stored *"template®" data with
incoming speech saaples. iven an appropriately high
corctelation, a match occurs, the word is recognized, and
appropriate ASCY! messages are output from the recogniticn
unit. This ASCII output can be used to define a variety of
instructions as required. Only one of the recognizers does
not require "training", where specific speakers follow a
predefined sequence for encoding their recoqgniticm
vocabulary "templates."”

In terms of meeting specific Coast Guard operational
and technical reguirements regarding spotting of keywords in
incoming distress signals ("mayday", *“sinking", etc.), we
note that the Verbex 1800 comes closest, Again, we note
that at least one device might be close. This recognizer can
handle up to S0 words plus the digits, in a
speaker—~independent mode over the telephone (and with
accompauying adverse noise conditions) vith high accuracy,
but it cannot handle connected speech input. It should be
pointed out, hovever, that th;re may he a possibility of
using a speaker-independent, isolated word recognizer for

meeting Coast Guard speech recognition requirements.
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Although all sample radio transmissions which vare
acoustically evaluated hy SCRIL involved connected speech, wve
do have the impression that nmariners gyenerally pronounce
distress signals slowly, and repeat keywords such as
"mayday®. If this is generally the case with incoming Coast
suard distress calls, an isolated word recognizer could be
expected to successfully recognize a high percentage of
ke ywords in Coast Suard distress signals, We should point
out that ¢there remain several uncertainties regarding such
an approach, One important consideration would be hov false
recognitions might be generated by connected speech input
surrounding the ®"isolated" keywords to be spotted.

There are at least two further points to note regarding
Coast Guard station automation plans and the possibility of
using speech recognition to spot keywords in incoming
distress signals. First, there is the basic consideration
as to what level of speech recognition product aight most
easily be integrated into Coast suard station automaticn
plans. Second, is the consideration as to the relative cost
of different levels of speech recognition devices.

As noted previously,there are several levels of speech
recognition products widely seer in today's conmmercial
market, includingy board~level recognition products and
stand-alone devices. Board-level recognition products are
most suitable for installations which are already equipped

vith a host computer capable of accepting the coamon RS5232C
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inter face. Stand-alone recognizers are most suited to
installations which do not have a host computer with enough
storage to handle speech recogni tion.

It should Dbe pointed out that stand-alone speech
recognition units tend to be relatively expensive, since
they are generally tuilt around an existing minicomputer.
Wherever this winicomputer can be used for tasks in addition
to speech recognition (such as wcrd processing, da ta
storage, etc.), it makes a more cost-efficient package than

i€ it operates only as a speech recogniticn hcst.

6.2 SPEECH SYNTHESIS TECHNOLOGY

As pointed out previously, SCFKL is very optimistic that
presently available speech synthesis technology exists which
is fully capable of peeting Coast Guard operational and
technical requirements for synthesis of wveather regorts,
notices to mariners, hydrographic information, and otber
desired broadcasts. Application areas include Cofrmunication
Stations, Radio Stations, Group Stations, and Search and
fescue Stations. VWe recommend that the Coast Guard ccnsider
using both an analysis synthesizer to obtain natural

sounding speech and also an ASCII-prompted (for incoming

weather rerorts via teletype) rule-type ".ext-to-speech"
speech synthesizer for future efficiency and extended
atility.

It should be pointed out that the Coast Guard requires

a speech synthesizer wi th an essentially unlipited
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vocabulary (for names of ships, storms, etc.). Coast Guard
speech synthesis also needs high-quality audio output.
Synthesized Coast Guard broadcasts should have good
prosodics, such as realistic sentence intoration, and a
variety of voices. A Coast fGuard consideration has been
that advanced technologies, such as sgeech synthesis, offer
the possibility of conserving manpovwer, and thus saving

operating funds.

6.3 DEVELCEMFENTAL EPPORTS POR SPEECH RECOGNITYON TECHNOLORY

As this report has mentioned, there are no currently
available speech recognizers which can handle connected
speech in a speaker-independent mode, A variety of
manufacturers are novw developing this type of speech
recognition system, for it has such a diversity of potential
markets.

Manufacturers ggoint out that the development of a
completely speaker-independent recognizer that would handle
connected speech involves several technical problems which

have not yet been fully solved. These probless include:

1) Need for segmentation programs vwvhich correctly
determine the wvords or phrases to be nmatched with

stored templates.
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2) Need for better time warping alogrithms to amore

accurately match reference templates with input data.

J) Need for better alogrithms for relating essentially

unique or idiosyncratic acoustic manifestations to

common reference templates, including both phonetic and
prosodic phenomena.

Tn terms of Coast Guard developmental efforts in the
area of speech recognition, this report suggests that the
above problems are exceedingly difficult and commercial
manufacturers are now wvorking on thenm. We feel that
developmental efforts the Coast Guard might make in this
area would closely parallel those of commercial
manufacturers of recognizers and would not be cost
effective.

Speaker-independent recognition with connected speech
should not bhe that far distant by current manufacturers. We
have already pointed out, for example, that one recognizer
will handle isoclated digits and control words, plus up to 50
se lected optional vocabulary itens, in a completely
speaker-independent mode over the telephcne.‘ Several
manufacturers of recognizers already market recognizers
wvhich will handle connected speech (approximately 180 words
per minute). Speech recognition technology is very
dependent on the LSI chip industry. As prices for LSTI chips

continue to decrease, we can expect to see improved

performance from commercial speech recognition devices. With




this in wind, one can readily envision a cospletely
speaker-independent recognizer vhich vill handle connected
speech in the not-too-distant future. For this reason, wve
suggest that the Coast Guard need not sponsor the
developnment of a special purpose speaker~independent
connected speech recognizer for their applicatioms,

One area where the Coast Guard should concentrate its
efforts concerns the overall planning strategy for station
automation requirements. Several levels of speech
recognition products currently exist, for examfple, board
products and conplete stand-alone products. To easily
integrate speech recogqnition technology in automaticn
planning, the Coast Guard should consider what Kkind of an
approdach it will be taking with regard to computer selection
and implementation. A key point to consider concerns the
question of how much computing capatility is required to
neet Coast Guard requirements for antomation of its

facilities.

6.4 DEVELOPMENTAL EPFORTS FOR SPEECH SYNTHESYS TECHNOLOGY
As ve bave already stated, speech synthesis technology
currently exists which appears capable of peeting Coast
Guard operational and technical requirements related to its
broadcast requirements. Both an analysis synthesizer and a

ritle-based text-to-speech synthesizer would provide a

convenient means of preparing Coast Guard vweather reports,
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hydrographic information, notices to mariners, safety
messages, and other desired broadcasts., Consequently, there
is no real need for the Coast Guard to initiate
developmental efforts regarding speech synthesis systems for
meeting its broadcast requiremsents. Applications studies
are what would be recoanmended.

As with speech recognition technology, speech synthesis
technology is heavily tied to the economics of the LSI chip
industry. Recent years have seen a real decline in prices
for LSI chips and an increase in their capabilities. This
trend is expected to continue, so that speech synthesis
technology will become even more attractive, not only in
terms of performance, but in ternms of price as vell,

We do suggest that the Coast Guard consider speech
synthesis technology in the framework of its overall
automation planning requirements, so that this technology
can easily integrate with the overall Coast Guard cosputing

requirements for station automation planning.

6.5 SPEECH RECOGNITION COST BEFFECTIVENESS

Speech recognition technology has generally been nrost
cost effective: 1)in terms of the manner in which it
increases the efficiency of human/equipment or man/machine
interactions, 2)through its ability to automate procedures
that previously required human operators, and 3)in terms of

its overall efficiency in recording data from human

operators.
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1) Speech recoqgnition technology has been cost
$ effective for humans vho are enmployed in
situations where their hands are occupied,

but they must still record various types of

————

data. For exanmple, speech recognition has
been used to facilitate data entry fronm
humans who are perforaming various types of
inspection procedures which require the use
of both hands, such as inventory accounting
and cartographic analysis.

2) Speech recognition technology has, 1in various
instances, replaced human operators
altoget her vhere procedures are tn be
initiated upon simple wverhal commands. An
example of this would be situations vhere
companies receive iancoming phone requests for
certain types of inforeation, as vwith stock
brokerage firms that typically receive
numerous requests for quotations on
securities, In such situations, speech
recognition technology has proven its ability
to eliminate human operators, and to provide
required information c¢ver phone 1lines based
upon user prompting via alphanumeric input.

To this point, only one manufacturer has

provided custonmers vi th a completely
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speaker-independent speech recognition system
capable of providing this kind of telephone
service,

3) Voice input of data is a highly effective
means of obtaining data from humans, as
opposed to data entry via keyboard which is a
mich slower process, Speech recognition
technology has also proven its ability to
offer a very efficient means of entering
coamands to computers, A basic illustration
of the effectiveness of speech recognition
technology 1involves the fact that hurmans,
too, can wmore efficiently respond to voice
commands, as opposed to visual or cther foras
of prompting.

As viewed by the Coast Guard in its Statement of Work
for this project, speech recognition technology appears to
be most applicable as a means of assisting human operators
who monitor distress frequencies. In this sense, speech
recognition technology would be intended not so much to
replace all human operators, but ¢to provide a 1low-cost
assistance in guarding distress frequencies. At this level
speech recognition technology would not actually reduce
front-line operatinj] expenses, but would instead be designed
to increase the Coast Guard's overall efficiency in

monitoring distress signals.




Speech recognition could offer ccst savings to back up
operators monitoring distress signals. Wherever personnel
are now used to back up these operators, speech recogniticn
systems could potentially eliminate those individuals and
free them for other Jduties. Multi-channel recogrizers
already exist and future generations of recognizers will
likely continue this capability. Given this assumpticn, a
single recognition wnit could be used to back up several
operators through its capability ¢tc¢ wmcnitcr keywords cn
several channels simvltaneously.

Concluding, speech recognizers do cffer definite cost
savings advantages in numerous situations. However, in
terms of the Coast 7suard's applicaticn for keyword spotting
as a means of backing up human coverage of distress
frequencies, 1its main advantage lies nct in terms of its
cost eftectiveness, but in terms of its overall potential to
provide 1low-cost effective back-up to the Coast Guard's

ronitoring of distress signals.

€.t SPEECH SYNTHESI S COST EPFECTIVENESS

This report has already noted that speech synthesis not
only saves on manpower required for meeting broadcast
requirements, but is also an ideal technclogy for achieving
a more fully automated broadcast facility., As an example of
this sort of automation, again refer to the Coast Guard

veat her reports which are received via teletype, By using
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ASCIT prompting as input to a voice synthesizer, wveather
reports could be prepared and stored for broadcast by
computer. Weather reprorts would then consist of stored
ASCTY input for producing the regquired troadcasts on a
speech synthesizer. This method would entirely eliminate
soundproof booths, storage on apnalcg targe, variation in
nicrophcne-to-mouth distance, and4 wmuch of the time it now
takes operators to prepare weather regorts, Since speech
synthesis technology is also an entirely solid-state
tecknology, it should also increase the reliability of the
Ccast Guard's bhroadcast system.

The overall degqree of cost savings resulting fros the
use of speech synthesis technology will vary, depending upon
the manner in which it is used. Fer exanfgle, many
aprlications have usgd speech synthesis to aid in setting up
efficient man/machine interactions. Other apgplications have
used speech synthesis technology to entirely replace human

operators.

6.7 EFFECTIVE USE OF SPEECH SYNTHSIS TN COAST GUARD
BROADCASTS

The first and most effective use of speech synthesis
would be to broadcast the Coast Guard Weather reports. It
is suggestel that the Coast Guard might ccllatorate with the
National Weather Service (NWS) in a joint effort to automate

this service. This vould be in 1line vwith a Task Rerport




prepared ty the NWS on creating a sample vccabulary of words
anlsor rphrases suitahle for wuse with automatedl speech
generation systems. The NWS previously hal evaluatel systems
ca;able of froviding an antomated readont of cowmputer
qenerate] weather reports, rparticularly those used? on NCAA
keather Radio. The KWS* hald aAalso tested the putllic’'s
reaction to compnter generated fcrecasts which we re
troadcasted over WSFC Washington's KWF for a 17-4av periogd.
fublic reaction to these tests was favorable and indicated
that the rfublic would accept a bhroadcast hy a speech
synthesizer that tfasically f€illed din +tFke blanks of a
fcrecast vesing pre-recorded phrases selected from a
standardized list of permissitle expressicre.’

With the Coast Auarl'’'s operational and technical
reguirements in mind, we =sujgest that iritially analyesis
synth2sis be vse?! for broadcasts  to insure the most natural

h sounding speech. Introducing =syrthetic =sfpeect precents
alustrents to the listeners nf the brnadcasts, 50 it is
essential that that the nressaqges bte trarsmitted with the
Fighest guality speech rossitle,

7e feel that ultimately trule <csynthesis ha very
definite advantajes for its potential use, First, _.uale

synt*esizers allow an essentiallv urlirited vccabulary.
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ceveral companies have recently narketed "text-tu-cpeech"
synthesizers, where wusers merely ¢type in the desired
phonemes and thke unit outputs ¢the desired vccabularcy items,
»e have already mentioned that the Coast Cuard receives
incoming weather reports via teletyre. Sirce most types cf
cynthesizers accept commands via BSCII, we suggest that tte
Coast ~uard connect a "text-to-speech" rule synthecizer to a
teletyfe, =0 that incoming weather reports could te prepared
for broadcast, as they are received, using svrthecis,
Assuring that Coast Guard communications facilities; are
to be automatel, a computer «cculd be used %o 1ssue
synthesized broalcasts to mariners at specified intervals.,
This approachk eliminates <coundprrccf bccths and sreaker

irconsistencies, since synthesized speech ontput is uniform

an free from tackcround ncicse anrd variaticr in
ricrophone-tc-mouth distance. Speech synthesis technolocy
offers the advantage of all solid-cstate electrcnics, as

crposed to analog recording techniques now used ty the Cnast
~uar 1. Such electrcnics have prcven to be highly reliable
as they ccntain no moving parts.

Pule-type text-to-speech synthesizers reguire less
rrogranoring suypport than do other typres of speech
synthesizers; the user mererly tyres in the required text at
the ¥eyboard of a CRT terminal, and the synthesizer produces
tte lesired outpnut, Fule syrthesizers require little

lingquistic sophistication on the part of the user, The
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frice of this type of synthesizer has seen a downward trend
recently, and should continue tc decrease cver the next
several years., Tt is anticipated that the quality of speech
will improve over time, so that it will bhe compe‘itive with
the very natural sounding analysis syrthesis,

later, when weather reports have Lbeen e€ffectively
kroadcast using speech synthesis, cther rouvtine nmessages
coul?! also be automatically generated. Inst as there is a
suygestion of initially using analysis syntresis for
raximally natural sounding speech in weather reports refore
introlucing the extendatle rule syrthesis, a similar pattecn
cf bhrecadcacsting co1l1l he done for other messages. Tte
listeners coul< adjust to rwore and rore recsayes being
troaicast synthetically, if the qgnuality were as humanlike as
;ossible, Then, 1if unlirited vccabularies vere lascribed,
rule synthesis which is more machine-like, Iut <capatle of
jenerating any and all utterance:s, including new words and
[rcper rares, could be nsed, Ey carefully monitering
listener response, the Coast “uard ~culd determine the
rurber and types of messages that should tbte generated
synthetically. Also, recoris could ba  kept on the
effectiveress o¢f 71¢ing <speech synthesis for Coast Guard
troadcas+ts, Tt is predicted that the synthetic mecsage will
e wrore anl more natvral sounding as the ‘technology
cont inues to ma¥e advances Aand that public accertance of

ccrputer generated hroadcasts will be reqularly increasing.
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APPENDIX A

GLOSSARY OF TERNS USED IN THYS REPORT

This glossary is intended to present to interested
readers definitions of various terms used in this
report. These definitions are designed to facilitate
comprehension of this report by those whose technical

expertise may lie outside the area of voice technology.

1) accuracy crate - performance measures given by

manufacturers of their recognition systens.
These figures must be regarded with some care, The
accuracy rates are based on different types of
vocabularies, since there 1is not any vwidely
accepted vocabulary used to test recognizers. Each
manufacturer is generally free to use its own
chosen vocabulary. Na turally, some vocabularies
are easier than others for recoganiticn success,
Por example, "right" vs. "left"™ and "up" vs.
"down"™ are easier to distinguish acoustically fron
one another than are "right" vs, "ripe"™ and "down™"
vs. "done". Typically, manufacturers choose
sample recognition vocabularies that are maximally

effective for their ovwn recognizers. Thus, we
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2)

notice that rarely will any manufacturer of speech
recognizers claiwm an accuracy rate of less than 95
- 99%, Thus, it is extremely important to test
recognizers with the intended vocahulary for the
user who will purchase the system in order to
obtain a better idea as to what the accuracy rate

of the recognizer will actually be in the field,

adjustable sgjéss setting -~  variation of the
acceptance threshold for vocabulary igems. For
example, if the adjustable reject setting is too
high, the accuracy rate will be redvced, since
only 1input vocabulary items with a very hiqh
degree of statistical correspondence with stored
templates will be recognized. On the cther hand,
if the reject 1level is set too 1low, false
recognitions can be generated, since there is a
relatively lower criterion for matching input
vocabulary with stored templates. Part of the
solution to this problem involves the careful

choice of vocabulary itens, so that they are

raximally distinct acoustically.

analysis synthesis - a type of speech generation or
speech synthesis that is based upon an acoustic
analysis of real humar speech, Rasically, an

analysis of human speech can be used to define the
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qross values for a digital filter simulating human
speech. This type of synthesis is distinquished
from rule synthesis vhich does not hase output
speech wupon real human speech, but on basic
combinations of acoustic parameters wvhich produce
human-like speech, A common type of speech
analysis used for analysis synthesis is linear

prediction coding known as LPC synthesis.

4) bit rate - the number of bits that are used to
synthesize digitally a speech utterance. The

lowver the bit rate, the less information that has
to bhe stored in computer memory. This is an
important consideration for cost effective speech
synthesizers. The higher the bit rate, the more
information that <contributes to natural sounding

speech synthesis,

5) byte - one unit of information in coaputing. On TBM
systems, there are 8 bits per byte. On ASCII

terominals, there are 7 bits per byte.

6) coarticulations - the» changes in the acoustic
K parameters of speech which occur between adjacent
{ vowel and consonant sounds. When individual
speech sounds are joined together to form words

and sentences, certain of their acoustic

parameters are affected by the neighboring soands
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or phone me s. Accounting for altl possible
coarticulations between phoneses is a Adifficult
1 procedure, yet one that is essential for producing

the best speech synthesis.

7) codec - a device which stores speech data which have

heen digitally encoded.

8) computer storage - both "real storage™ which is the

amount of storaqe requireq in the central
processing unit of the <computer and "virtual
storage" which is storage within the computer, but

not part of the central processing unit.

9) compected or continuous speech recognizer -~ A4
recognizer that 1is able to correctly identify
input speech which consists of concatenated, or
connected, strings of words. This is a much nore
difficult task than recognition hy isolated word
recoqnizers, for the words flow continnously

together and do not have boundaries of silence

het veen then.

10) EPRQOM - eraseahle, progyrammable, read only memory

-~ s

category of LSI (large scale integrated) chips.

V1) formant - an acoustic vresonant frequency and its
associated bandwidth. Every speech sound has a set
of formants vhich are determined by the

configuration of the vocal tract.

~15R~




4 12) fricative speech sounds =~ productions of speech

vhich are predominantly turbulent, since t hey have
a noise source at the place of articulation.
Examnples of fricatives include the first sounl in

each of the following words; fun, very, he.

13) isolated word cecognizer - a recognizer that is

able to handle only single, or isolated, wvorlis
vhich are not embedded 1in phrases or sentences,
but are pronounced with boundaries of silence
surcounding then. This is an easier recojnition
task than that of handling '"connectedl «apeech™
vhich consists of words strung together to forwm
vhole sentences, at a regular repetition rate,
Isolated vord recognizers generally perfors hest
vhere ingput vocabulary itenms are pronouncel
relatively slowly and precisely, both luring

training and actual recogni tion.

‘ 14) keyword spotting - recognizing certain woridc of
specific interest in connected speech input. The
Coast Guard has seen keyvord spotting of suah
words as "mayday" or “fire" as a mpeans Hf backinj
up human operators wvho are issignel to mchnitcr

radio receptions on distress frequencies.

15) LPC synthesis -~ a type of speech generaticr or

speech synthesis that uses a "linear prediction

g




coding"” model of speech. This approach of analysis
synthesis uses a digital filter to psodel the human
vocal tract; it is based upon the statistical
assumption that human speech changes relatively
slowly, and that it is possible to predict the
next set of acoustic measures based on a knowledge

of previous omnes.

16) L1SI chip - large scale integrated circuits which
are put into a single chip. The LSI chip industry
is a key part of speech technology. As the price
for such chips has decreased through volume
production methods, integrating speech technoloqy

into nev product areas has become more attractive.

17) nasal speech sounds — productions of speech which

are nade with the air stream being enmitted only

) 1 through the nose. Fxamples of nasals include the
1 ‘ first sound in the wvord mat and in the word gpice.
3
: 18) ponperiodic sound - a sound which does not have a

vaveform vwith a consistently repetitive rate, For
exanple, vowels are characterized by having
vaveforms which are basically periodic in nature,
but plosives and fricatives do not have such

waveforms. These consonants have nonperiodic

vaveforas of burst and turbulence. We have

noticed that nonperiodic sounds vwere commonly




found in Coast Guard radio receptions, such as
pops and clicks. These nonperiodic sounds can
sometimes generate false recognitions vhen

mnistakenly identified as plosives or fricatives.

19) 0.E.M. - original eguipment manufacturers. This
includes companies that inteyrate commercially
purchased items, such as LSI chips, into their own

products which are again sold as a finished

product.
20) performance analysis - a statistical analysis of
human or human/equipment performance. The basic

concept involves identifying variables which
significantly affect human or human/equipment
performance of a predefined task through multiple
regression and factor anal ysis. The tern

performance analysis refers to actually deriving a

‘ j regression equation which describes human or
1"" human/equipment interactions. Such an equation
vould be helpful by identifying variables which

i significantly affect recognition accuracy rates.
3 If we actually had a performance analysis of
speech recognizers which gave significant results,
ve wight he able to identify which recognition

algorithms were relatively preferable to others.
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21) phonemes - basic units of sound in human speech,
sometimes referred to as the vowvels and consonants
of the language, Phonemes are discrete sounds
which can cause a difference in meaning betwveen

othervise identical words, such as "bat" and "pat"

or "hut" and "bit".

22) phonetic context - the 1location of an acoustic

entity with reference to surrounding sounds. The
acoustic context has a noticeable effect upon
phonemes. Linguists commonly refer to allophones
vhich are pronunciation variants of basic phcnemes
due in part to their phonetic contexts. Since a
given phoneme <can have a variety of allophones,
this makes the overall recognition task more
difficult, particularly when attempting to develop
a speaker-independent recognizer which will handle

connected speech wit' various allophones.

23) plosive speech sounds - productions of speech which
involve a blocking or stoppage of the air flov
from the vocal tract. Pxanples onf plosives
include the first sound in each of the following

vords: pal, door, give.

3' 24) prosodics - the "suprasegmentals" or influences of

f' duration, fundamental frequency, and speech

> production powver wupon basic phonenmes. These
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influences include emphasis, stress, and
durational patterns of the vovels and consonants.
The prosodic parameters are basic to both the

recognition and synthesis of speech.

25) rapid Speech - speech which is produced

considerably faster than carefully articulated

speech.

26) ROM - read only memory LSI chip category, not

———

erasahle or prograamable,

27 rcule synthesis - a type of speech gemneration or
speech synthesis that uses a set of rules to model
speech. This approach specifies which
cowbinations of acoustic parameters are t»> be used

to best imitate human speech.

28) sampling rate - the frequency with which speech
recognizers digitally encode speech data. Such
digitized data are actually numerical codings
vhich represent the translation or analysis of the
real speech vaves. The numerical data are taken at
uniform points along these speech waves and
expressed as a function of tinme, A common
sampling rate for laboratory analysis of speech
vaves is 10,000 samples per second. Commercial
recognizers, however, tend toward a lover sawmpling

rate to conserve memory.
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29) speaker depepndent recoqnizer - a recognizer that

requires "training" by an individual before
recognition of that individual's speech can takea
place. "Training"™ generally consists of having the
person vhose vocabulary |is to be input for
recognition repeat this vocabulary several times,
so that templates can be established for each
vocabulary item of a given individual. Such
templates are then used for comparison with

incoming vocabulary itenms.

30) speaker independent recognizer - a recoqnizer that

does not require "training®™ by individual speakers
btefore recognition of that individual‘'s speech can
take place. A speaker independent recognizer
allows virtually any person to input speech with
no stored information atout that speaker's
characteristics to aid the machine 1in its

recogniticon of the speech.

31) speech recognizer - a device that accepts speech as

an input and produces typed messages or action by
a machine controlled by the recoqgnizer as output.
A speech recognizer can be digital or analog. It
can be one of two types: 1) isolated vord, or 2)

connected or continuous speech.
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32} speech synthesizer - 1 fdevice that generates speech
mechanically. A speech synthesizer can he digital
or analog. It can be one of three types: 1)
analysis synthesizer, 2) rule synthesizer, or 1)

digital recodinqg synthesizer.

33) templates - acoustic manifestations of words or

utterances that have been stored in digital forwm.

Teaplates are actually sets of numbers
representing acoustically derived parameters,
When training speech recognizers, templates are

set up as a speaker repeats his/her vocabhulary
items into the recognizer. Llater, these tenplates
are used as references for statistical comparison
to input vocabulary items to determine the

identity of the input vocabulary.

34) voice recoynition - either automatic recognition of

words and sentences which are spoken into a speech
recognizer or automatic recognition of the voice
quality of the speaker, thus serving as an
identification of the person who is speaking. In
the first case, "voice recognition"® is synonymous
with "speech recognition® and in the second case

vith "speaker recognition"

15) voiced speech sounds - productions of speech

involving a vibration of the +true vocal folds,




16)

Exanples of voiced sounds include the first sound

in each of the following words: jt, me, big.

voiceless speech soufnds - productions of speech not
involving a vibration of the true vocal folds.
Examples of voiceless sounds include the first

sound in each of the following words: keep, sav.




APPENDIX B

DESCRIPTION OF ILS

The JILS commands have been written to utilize
peripheral sevices such as disk packs for data
storage and retrieval, the line printer for
listings, and the analog-to-digital and
digital~-to-analog converters as means of
interfacing the analog representation of signals
vith the digital representation. The means of
interaction vith the system 1is a terminal which
has gqgraphic as well as alphanumeric (text)
capabhilities.

The TLS softvare has been developed as a set
of self-contained program modules vhich ara
utilized serially., Pach ILS cormand is a program
module which executes a specific task. The progran
nodules are stored on disk and are brought into

core one at a time by user command. Consequently,

except for the keyhoard monitoring program, the
memory resources of ILS are only in demand when an
ILS command is being executed.

Thus, ILS is not taking ur memory space

during the time the user is Just thinking,
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examining a display, toying the next command, etc.
This is an important factor in multi-user systess
vhich may have memory limitations,

The critical provisions for communication of
parameter values between program modules is made
possible by providing on disk an exclusive file
for each user. This file, conveniently designated
as the user's COMMON file, contains global systen
parameters and it serves as a work area for
deposit and retrieval of information by all
conmands executed by the user. The acquisition of
shared 1information is affected as each modnle
initiates its execution by reading the
disk-resident user's COMMON file. At the
conclusion of its execution each w@module then
rewrites back onto disk the updated version of the
user 's COMMON file, 1In this vay an TLS module can
operate on previous results and arguments passed
throngh the user's CONMON file by a preceding
module.

Because of the modularity of the system, any
program module may be modified without affecting
the other modules. This feature also permits the

replacement or addition of program modules on disk




providing they are properly designed to be
conpatible with the ILS conventions. Thus, each

user can have his own tailored ILS commands.

Principles of Operation

The software compleaent of the TInteractive
Laboratory System has been designed to function
entirely under the control of the computer's own
operating system. In this way the TLS modules take
advantage of existing subroutines and file
structures available within the computer
processing system.

Tt may be thelpful at the outset to describe
the memory orgqanization of the computer systen
very simply as having tvo working segments. One
segqment is occupied by the computer operating
system (at all times) and the other is available
for the executiou of programs entered hy various
computer users. The computer operating system can
be described in most general terms as an operating
executive which allocates computer resources to a
set of users, This system itself consists ot a
collection of programs and tables vhich are used
to control the flow of information processing

vithin the computer.

- 169~




The Tnteractive Laboratory System 1is an
organized collection of interrel ated but
independent program modules. These disk-resident
modules are independent in the sense that each
module hecowes the sole occupant of the user
segnent of core when called out by user command,
and thus renders a solo performance as far as the
remaining disk-bound nmodules are concerned. The
interrelatedness of the ILS program modules is
realized through the passing of constants,
variables, and arrays through each user's COMMON
file from one successive module to another.

It may further be helpful to identify the
actual nature of the proqgranm modules as they are
placed on disk. The modules actually consist of
files of binary data which are conmputer
translations into machine language of the original
FORTRAN source program written by the TLS
programmers. W%hen read into core, these files
become operating intelligence in executing the
objectives written into a module, In order to do
this, the processing system of the computer in
effect places itself at the disposal of the ILS
prograr currently resident within the core amnmd

implements its instructions.
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APPENDIX C

LIST OF MANUFPACTURERS

Manufacturers of Speech
155 Moffett
34086

Suite 108,

Centigram Corp. Park Drive,
(408) 734-3222

Sunnyvale, California

Heuristics, Inc. 1285 Hammerwood Avenue, Sunnyvale,

California

94086 (408) 734-8532

Corp. (ATO subsidiary) 1001 F.

Interstate Electronics
California

Ball Poad, P.C. Box 3117, Anaheinm,
9280% (714) 635-7210
Nippon Electric Compapy, Ltd. NEC America, Inc. 532
Proadhollow Road, Melville, New York 11746 (516)
752-9700
5cott Instruments 815 North Flm, Denton, Texas 71201
(817) 387-9514
Threshold Technology., Inc. 1829 Undervood Place,
Delran, New Jersey 0B075 (609) u461-9200
Bedford,

(Exxon subsidiarpy) 2 Oak Park,

ferbex Corp. Xxxon
Massachusetts (617) 275-5160

017130
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Voicetek P.0. DBox 188, Goleta, California 93017 (805)

Vvotan, Inc. 26046 ®¥den Landing Road, Suite 7, Hayward,

California 94545 (415) 785-8060

Manufacturers of Speech Synthesis Products:

—— i e e e e e = -

Centigran Corp. 155A Moffett Park Drive, Suite 108,

Sunnyvale, California 94086 (u0R) 734-3222

3eneral Instruments Corp. Microelectronics Division,

600 West .John Street, Ricksville, New York 11802

(516) 733~3107

_________________ Corp. (ATQ subsidiary) 1001 E.

Ball Poad, P.0O. Box 3117, Anaheim, California

92809 (714 635-7210

Kurzweil Computer Products, Inc. 33 Cambridge Parkway,

Cambridge, Massachusetts 02142 (617) 864-4700

Maryland Computer Services, Inc. 502 PRock Spring

Avenue, Bel Air, Marylamd 21014 (301) B3R-8888
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[ mimic Electronics P.D. Box 921, Acton, Massachisetrt .,

0v720 (617) 263-2101

MSC. 1640 Monrovia, Costa Mesa, (a. G2E2T (1)
642-2427
National Semiconductor Corp. 2900 Semiconductoar Draive,

Santa Clara, Califormia 95051 (u08) 7317-"9afy

Percom Data Co., Inc. 211 North Kirby, sarlanl, "euxa,

e e e e e i ot e

75042 (214) 272-1421

Telesensory Speech Systems, Lpc. 408 Hillview ‘ven.w

e mn— P a2

Palo Alto, Califormia 94304 (415) 4331-2n0¢

Texas Instruments 8600 Commerce Park Drive, Taite 10

Houston, Texas 77036 (713 776-kK511

( Votrax 500 Stephenson Highway, Troy, Michijan v i,

—e s e -

, J (313) 588-2050

- : Fa “B)







